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SIGNAL RECEPTION 
WITH PHASE-SHIFT-KEYING 


N.P. Bobrov 


Possible methods of receiving phase-shift-keying(PSK) signals and 
the principles of construction of receiver circuits are described. Also 
given is a comparison between various PSK systems. 


A previous paper [1] described methods of transmitting discrete 
signals by phase-shift-keyingof the carrier. This paper briefly describes 
the possible methods of reception of PSK signals and the principles of con- 
struction of receiver schemes; also given is a comparison between various 
PSK systems!. The PSK systems are numbered in accordance with [I]. 

For the reception of PSK signals one can use at least the following 
five methods: a) synchronous detection, b) autocorrelating detection, c) 
the addition of the signal to the coherent voltages and the subsequent detec- 
tion of the evelope of the resulting oscillations, d) addition of adjacent parcels 
of the signal with the subsequent detection of the envelope of their sum, 

e) direct amplitude or frequency detection of the signals. 


AUTOCORRELATING RECEPTION OF PSK SIGNALS 


The discussion of methods of PSK signal reception is most conveniently 
started with autocorrelating detection in which the process of obtaining out- 
put signals from the keyed signal can be understood more easily. Autocor- 
relating detection can be used for the reception of signals of all PSK systems, 
with the exception of system 41. It consists of a comparison in the phase 
detectors of the phases of two adjacent parcels of the received signal. 

The simplest scheme of the autocorrelating receiver of double and 
triple PSK systems is given in Figure la. It contains: a signal delay net- 

- work, delaying the elementary parcel for a time interval of Te, a wideband 
phase-displacing chain introducing an angular displacement y, a phase 
detector PD and a regenerator R. Each parcel of the output signal of the 
autocorrelating detector is determined by the scalar product of its input 
signal vectors: Y-1 which is delayed for a time interval 7. and Yj which is 


"PSK systems are referred to as PPT (practical phase telegraphy) by 
N. T. Petrovich in [2], but the present author prefers to use the term “PSK” 
considering it to be more accurate. 


Figure 1 


displaced in its phase by an angle y 

Uncp; = & cos (7; + 7 — 9;_,) =k cos (Ag; + 7), (1) 
where k is the coefficient of proportionality, which can be assumed to be 
equal to unity. 

As can be seen from the obtained expression, the i-th sign of the out- 
put signal of the ACD is determined only by the difference in the phases 
between adjacent parcels of the received PSK signal, which is brought about 
by the output signal during transmission. The term ¢, which introduced 
an indeterminacy of the n-th order into the PSK signal, is absent, and con- 
sequently the values of UACDi correspond singularly to the values of the i-th 
signs of the input signals of the transmitter. Physically this is explained 
by the fact that the indeterminacy of the initial phase is equal for the i-th 
and the (i-1)th parcels of the PSK signal and is eliminated in the detector 
during the comparison of the parcel phases. 

Substituting Ay, the possible values of the signal phase change, into 
(1) and considering the limiting conditions of discernment of the signals in 
the regenerator“, one can find the necessary magnitude of the phase dis- 
placement y for each of the double or triple PSK systems discussed in [1]: 

For system No. 21y = 7, for system No.. 22 y = +n/6, for systems 
Nos. 24 and 26 y =7/4, for systems Nos. 23, 25, 31, 32, 33 y =7/2. 

For indicated values of phase displacement at the output of the circuit 
of Figure la input signals areimmediately obtained (double or triple depending 
on the form of the system) without additional transformations. Another 
circuit for an autocorrelating receiver is given in Figure 1b, with the aid 
of which signals of PSK system No. 42 and others can be received. It con- 
tains two wideband phase-displacing networks, bringing about angular dis- 
placements y; andy, two phase detectors and two regenerators. The output 
signals of the detectors in this scheme are equal to 


U,, = cos (Ap, + 71), Uz, =cos(Ap, + ¥2). (2) 


On the basis of Equation (2) Table 1 shows the computation of values 
of Uy and U, for system No. 42, where y; = -37/4, and Yo = $37/4, 

It can be seen from Table 1 and U,; corresponds to x’ and U, to x”, 
i.e. , the output signals of the circuit of Figure 1b correspond to the output 
Signals of the transmitter of PSK system No. 42. 

In the “Kineplex” system [3] in each of the 20 channels an autocor- 
relating receiver is used; it is similar to the one described, except that the 
values y; and y) are equal to 0 and 1/2 respectively. The kinematic filters 


2 . 
A regenerator is a device which reestablishes the form and the dur- 
ation of the parcels of the detected signal acting by the method of tests. A 


definite, discrete number of the values of the tests is distinguished in the 
regenerator. 


Table 1 


VALUES OF DETECTOR OUT PUT SIGNALS 
FOR CIRCUIT SHOWN IN FIGURE 1b 


a | x" 7 | Ag | Uy Us 
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“Kineplex” , aside from their basic assignment, namely the optimum filter- 
ing of the received signal, also perform the functions of delaying the signal 
for a duration equal to the duration time of the parcel. 

Autocorrelating receivers of the PSK systems with n= 6 and n= 8 are 
not discussed here due to their complexity. Their construction must be 
similar to the circuit shown in Figure 1b with a difference that the quantity 
of phase detectors is equal to three when n= 6, and four whenn= 8. Aside 
from this a code converter is introduced into the scheme. 


SYNCHRONOUS RECEPTION OF PSK SIGNALS 


Synchronous detection consists of comparing, in a phase detector, 
the phase of the received signal parcel with the phase of local, so called 
coherent oscillations, the frequency of which is equal to the frequency of 
the signal and the phase of which is constant and equal to the mean value 
of the phase of the unkeyed carrier. A synchronous receiver contains 
elements which are absent in the autocorrelating receiver: the generator 
of coherent oscillations Ugoh and the circuit for obtaining the synchronizing 
voltage Ugynchr- The purpose of the latter is to obtain a voltage with a 
frequency equal to the frequency of the received signal, but without keying, 
from the received signal (or additional pilot signals). All methods of obtain- 
ing Usynchr from the received signal lead to a situation where its phase 
turns out to be constant, but can take on n arbitrary values depending on the 
number of possible phases in the signal. Since Usynchr synchronizes Ucoh 
the latter will also have a phase indeterminancy of the n-th order: 


Oi A, sin (Wot Fn ete SaPn)yWhere Sn =0, 1, eee (71) (3) 


The design of circuits for synchronous receivers depends on the 
number of possible phases n in the received signal. When n= 2 a circuit 
with one phase detector is used; this is analyzed in [4]. When n= 4, a cir- 
cuit with two PD is used; for n = 3 or 6, a circuit with 3 PD’s and, finally, 
when n= 8, a circuit with four PD’s is employed. 

It was shown in [1] that one of the intermediate transformations 
achieved in transmitters for PSK systems is the transformation of > ¢ 
the input signals £ with a base N into signals ¢ with a basen. The indicated 
transformation is not single-valued and introduces into the signals ¢ and 
an indeterminacy of the n-th order. During autocorrelated reception an 
input signal £ or a combination of signals which determine it w¢ is single- 
valuedly obtained on the output of the detectors, i.e., in this case a 


direct transformation of ¥— £é with a simultaneous elimination of the indeter- 
minacy contained in the signal Wis achieved. During synchronous reception 
only that signal which was used for keying the phase of the carrier in the 
transmitter can appear on the output of the detector, i.e., the signal ¢. In 
order to transform it into the input signal a synchronous receiver will 
require one additional device — a receiving code converter. In this manner 
if the chain of transformations £>¢—W takes place in the transmitters, 

then a chain of reverse transformations will be achieved in the synchronous 
receivers in the manner Y—¢ —é, 

One should point out still another consideration. The phase of the 
coherent oscillations is indeterminate to the n-th order. An indeterminacy 
of the same order is contained in the received signal. Since both indicated 
indeterminacies are brought about by mutually independent factors, it is 
evident that the combination of the detector output signals will also possess 
an indeterminacy of the n-th order which will be expressed as an arbitrary 
inversion and interchanging of signals. The elimination of this indeter- 
minacy takes place in the receiver code converter, regardless of what 
causes the indeterminacy: the initial state of the transmitter scheme, or 
the initial state of the scheme for obtaining Ugynchr in the receiver. 

In the synchronous receiver of a single PSK system No. 21, described 
in [4], the “scheme for detecting the sign changes” , which eliminates the 
indeterminacy of the second order (inverse), becomes the code converter. 
Let us also discuss, for the purposes of an example, a synchronous re- 
ceiver of the double PSK system No. 22, the circuit of which is given in 
Figure 2. It contains three PD, three regenerators, the circuit for obtain- 
ing Usynchr, the oscillator Ucoh, three phase-displacing chains and a code 
converter. Coherent voltages , coming from a common generator, are 
applied to the PD’s with a 120° displacement relative to each other; the 
common phase displacement of the chain Ugo}, is established in such a 
manner so that each of the “U” vectors would coincide with one of the 
signal vectors (Figure 2b). Binary signals w , w, and w& appear at the 
outputs of the detectors and the regenerators; these sirgle-valuedly deter- 
mine the triple signal ¢, by means of which keying of the carrier phase in 
the transmitter was accomplished. Indeterminacy of the third order appears 
in this case in the arbitrary ring interchanging of the signals wr. The 
obtaining from the latter of the final double signal x is accomplished in the 
code converter, the scheme of which is given in Figure 3. In the PSK 
system No, 22, subscript “1” of the final double signal x is introduced by 
a phase rotation of 120° and the subscript “0” of the Signal x is introduced 
by the nonrotation of the phase. 
Therefore the code converter must 
expose the changes in the values of 


code converter 


Figure 2 Figure 3 


Signals w; during the changes in the phase of the signal W by 120°. 

The code converter of Figure 3 represents just such a scheme of de- 
tecting the 120° phase rotation. It consists of three delay chains (of dura- 
tion of Tg) and three multiplying elements. Its action is determined: 


Ai Mir Mo (¢_1) F W2:® 1) F Mor Ms (1 - (4) 


As one can easily follow, the output of the scheme shown in Figure 3 
will show the sign “1” in the case of each 120° signal Y phase change and 
the sign “0” when the phase is unchanged. Consequently the output signal 
will correspond to the input signal x. Furthermore, due to the ring type 
construction of the scheme of the code converter, the ring interchanging of 
the signals wg does not change the output signal. In other words, during 
the conversion of wg x, one, at the same time also eliminates the in- 
determinacy of the third order permitting the use of coherent oscillations 
with three arbitrary initial phases for the purposes of detection, i.e. , to 
accomplish the synchronization of Ucoh with the aid of Usynchr obtained 
from the received signal W, 

Synchronous receivers of other PSK systems (except for system 
No. 41) are constructed on the basis of the same principle. Their code 
converters must also employ schemes which expose Ag angular phase 
changes, analogous to the scheme shown in Figure 3. The number of de- 
tecting schemes making up the code converter, are determined by the 
number of possible phase changes in the transmitter of the given PSK 
system. Coherent oscillations with a phase indeterminacy of the n-th 
order which are synchronized with the aid of Usynchr, obtained from the 
received signal. 

The scheme of the synchronous receiver of PSK system No. 41 is 
shown in Figure 4a. It contains two independent synchronous receivers 
similar to system No, 21 with coherent voltages Uj and Up with a phase 
displacement of 90°. Due to the fact that the code converters — “used 
for detecting the sign changes” can eliminate only the indeterminacy of 
the second order {4], one can use coherent oscillations with a phase 
indeterminacy of the second order for the purposes of detection. But in 
obtaining Usynchr from the PSK signal of the system No. 41, which 
has four possible phases, Ugoh 
will have a phase indeterminacy 
of the fourth order. From here 
it follows that for the synchroniza- 
tion of Ugoh, during synchronous 
reception of signals of system No. 
41, it becomes necessary to use 
some other method, for example 
the transmission of two additional 
pilot-signals [5], encompassing 
the spectrum of the PSK signal, 
as shown in Figure 4b. Usynchr 
is formed on the receiving end 
from these pilot signals by way b) 


of the addition of their frequencies 
and division of the obtained volt- Wij 4 
age by 2. The phase of the co- ar f an 


herent voltage will then have an 4 
indeterminacy of the second 
order. 


Figure 4 


RECEPTION OF PSK SIGNALS BY THE METHOD 
OF ADDITION WITH COHERENT VOLTAGES 


The general block diagram of the receivers, constructed on this 
principle, is given in Figure 5a. Here also, like in the case of synchron- 
ous reception it is necessary to have coherent oscillations, which are 
synchronized with the aid of Ugynchr» obtained from the signal. n coherent 
voltages U, are formed from the coherent oscillations; the phases of U, are 
selected in a manner so that each of the n vectors would be in an antiphase 
with some n vector of the received signal; this is illustrated by the vector 
diagram of Figure 5b for the case of the three-phase signal ¥, Each of 
the coherent voltages is added to the signal and the resulting oscillations 
are detected along the envelope. The number of addition chains and the 
number of detectors equals n. 

Output voltage of any of the detectors equals zero when that particular 
detector is receiving a signal parcel which can be represented by a vector 
in antiphase with a vector of the coherent voltage. In all other cases the 
output voltage is not equal to zero. As a result the output of the detectors 
shows a combination of the signalswg which are inverse to those obtained 
at the outputs of the synchronous receiver detectors. This output also 
single-valuedly determines the signal ¢. Signals wg can be obtained in the 
regenerators with the aid of the schemes of anticoincidence; further obtain- 
ing of the input signal from the signals wg can be accomplished with the 
aid of the same code converters which were used in the synchronous 
receivers. 


ode converte! 


Figure 5 


Comparison between the described method of reception and the syn- 
chronous scheme points to their similarity. In both methods it is neces- 
sary to have coherent oscillations on the receiving end in which an indeter- 
minacy of the phase of the n-th order is permissible. In both cases the 
detector outputs show a combination of double signals which single-valuedly 
determine the signal ¢. This signal was used to key the phases of the 
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carrier in the transmitter; to obtain the input signals one can use equival- 
ent code converters. 

The differences between the methods lie in the fact that in the case 
of synchronous reception the process of detection consists of finding the 
scalar product of the signal parcel vectors and the coherent voltages, 
whereas in the described method — the finding of the modulus of the sum of 
these vectors. 


RECEPTION OF SIGNALS BY MEANS 
OF ADDITION OF ADJACENT PARCELS 


The general block scheme of the receivers, constructed on the basis 
of the detection of the envelope of the sum of two adjacent parcels of the PSK 
signal is given in Figure 6. Here the received signal © is fed to two paral- 
lel branches: one containing a 
delay chain (equal to the dura- 
tion of the parcel Te) and the 
other a wideband phase displace- 
ment chain. Next the delayed 
signal is added with the signals 
displaced by a7+ Yz, phase 
angles, where yj, = -Agz,, after 
which the resulting oscillations 
are detected by means of ampli- 
tude detectors and are regenerated. 

The basic idea of this 
method of reception consists of 
obtaining a signal at the output Figure 6 
of each detector; the value of 
this signal is equal to zero when 
the signal ¥ changes in its phase by the angle Ag, and is not equal to zero 
for phase changes equal to any other angle. The number of addition 
schemes of the detectors and the regenerators is determined by the num- 
ber of the possible phase changes Agy, in the PSK signal. In this case the 
outputs of the detectors and the regenerators show the combination of the 
double signals w¢, which single-valuedly determine the input signal of the 
transmitter £ without any additional conversions. The indeterminacy of 
the n-th order, contained in the PSK signal is eliminated during the addi- 
tion of adjacent parcels. 


RECEPTION OF PSK SIGNALS WITH THE AID 
OF A DIRECT AMPLITUDE OR FREQUENCY DETECTION 


Still another possible method of reception of the PSK signals is the 
direct detection of the signals passed through a resonating system; the 
detection is carried out by means of an amplitude or frequency detector. 
This method is based upon the fact that the changes in the phase of the 
keyed signal are accompanied by changes in the frequency and amplitude 


[6]. 

Amplitude detection can be used in practice only for the reception 
of the signal of the double PSK system No. 21, in which when x = 1 the 
phase is changed by 180° and the amplitude of the keyed signal, which 
was passed through a symmetrical band filter falls down to zero; when 
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x = 0 the phase and amplitude do not change. Frequency detection can be 
used for the detection of signals of other double and triple systems since 
in the case of phase changes less than 180° the amplitude of the signal falls, 
but not all the way down to zero, and changes in the frequency can be dis- 
covered by means of a frequency detector, | 
Frequency detection of PSK signals has a number of properties which 
can be used in several forms of communication. In this case, for example, 
an AC connection with the regenerator can be used since the output signal 
of the detector is of the pulse type. Asa result due to the elimination of 
the constant component the frequency shift of the signal carrier does not 
lead to single-valued properties. Aside from this the signal receivers of 
systems No. 23 and No. 25 provide the beat frequency of the signal parcels 
by means of full wave rectification of the ouput signal of the frequency de- 
tector; the result of this is the formation of a periodic sequence of im- 
pulses at the beat frequency. 


COMPARISON BETWEEN THE PSK SYSTEMS 


Signals, transmitted through communication channels are subject to 
and suffer various distortions. Depending upon the form of the channel 
the dominant effects are exhibited by one or another form of interference: 
fluctuating and impulse type interferences, interferences from adjacent 
stations, or organized interferences, but also distortions which occur as 
a result of the fact that the characteristics of the channel are not ideal and 
due to the constant changes in these characteristics. 

Similar discussion of the stability of the PSK systems in the case of 
each form of interference and distortion is beyond the scope of this article; 
however, we can include a somewhat generalized criterion which allows 
one to compare the stability of various PSK systems during various methods 
of reception, This criterion we shall call the “phase stability” —«€. This 
is defined as the limiting possible index of the stray phase modulation of the 
signal vectors (their angle of displacement from the normal position under 
the action of interferences and distortions) which if exceeded would result 
in faulty reception. 

The computation of the value of e for the discussed methods of PSK 
signal reception in various systems is given in Table 2, from which it can 
be seen that the values of € depend not only on the term of the system, but 
also on the method of reception. The introduced evaluation is, of course 
only a crude comparative parameter, which, however, can have a practical 
application, 

The values of € can be, for example, measured with the aid of a 
variable phase shifter connected into one of the chains of comparison in 
the PSK signal receivers. Aside from this, the phase stability is a gen- 
eralized criterion for comparative evaluation of interference immunity of 
the PSK systems and their stability with respect to signal distortions. In 
determining the interference protection of the system from some particular 
form of interference, or from simultaneous action of interferences and 
distortions, the values of ¢ will enter into corresponding formulas; systems 
possessing a high phase stability will also have a high degree of interference 
protection (although this relation is not linear). In this manner the phase 
stability is a parameter which characterizes the dependability of the PSK 
systems. However, for a more complete comparison of the Systems between 
each other it becomes necessary to include into the evaluation some param- 
eter which would characterize their effectiveness. For sucha parameter 


we can Select K = B/fp = log, N, which is the numerical coefficient in 
Table 4, {1] and which determines the multiplicity of the system. Com- 
parative evaluation must include both parameters that we have introduced — 
e and K. The following quantity turns out to be convenient 


Q=Ke/90°, (5) 


which we can call “relative quality” of the PSK system due to the fact that 
its value increases not only with an increase in the reliability, characteri- 
zed by ©, but also with an increase in effectivity, characterized by K. The 
magnitudes of relative qualities of the PSK systems for various methods of 
reception is also given in Table 2. 


Table 2 
VALUES OF PHASE STABILITY ¢ AND THE RELATIVE QUALITY Q 
Addition of 
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POTENTIAL NOISE IMMUNITY 
IN RADIO CHANNELS WITH 
ARBRITRARY CHANGES IN PARAMETERS 


A.A. Voronin 


The optimum criterion of singular reception of structurally deter- 
mined signals, subject to multiplying, transient and additive interference 
components is discussed. The laws of distribution of amplitude and phase 
of the incoming signal are assumed to be unknown. Shown is the schematic 
realization of the obtained criteria of reception. The minimal possibility 
of incorrect reception is computed for several classes of systems. 


A number of works has appeared recently expounding the theory of 
potential noise immunity as applied to channels with arbitrary changes in 
parameters [1, 2, 3]. In all these works the amplitudes and phases of the 
incoming signals are assumed to be distributed according to one law or 
another and the introduced criteria of reception are correct for the corre- 
sponding laws of distribution. The discussed laws of distribution (Rayleigh 
and the generalized Rayleigh) are far from encompassing all of the possible 
cases. Below we shall look at some questions on potential noise immunity 
for a more general case — it will be assumed that the laws of amplitude 
and phase distribution are unknown. 

The criteria of ideal reception, obtained in [1, 2] for systems with 
an active pause, has the form 


¥ X14 P> Vx EY, (1) 
where 


xX 


T T 
fy@S@dt, Y= fyS*(o dt, 
0 0 


y(t) is the incoming signal, S(t) is the transmitted signal, S*(t) is the 
signal coupled with S(t) in accordance with Gilbert. Index r means that 

the r-th of N possible signals was being transmitted; the same applied to 
q; T is the duration of the signal S(t). As was shown in [4], the expres- 
sion Y X?+ is the envelope of the process at the output of the band cor- 
relator (Figure 1), The physical meaning of criterion (1) is the concept of the 
reduction of the probability of error due to the loss of phase information. This 
situation is well illustrated in Figure 1. Inthis manner the schematic achieve- 
ment of criterion (1) is not optimum from the information point of view. 
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Figure 1 


Let us investigate a single-beam channel with random changes in 
the parameters in the absence of intersymbol interference (superpositions). 
In this case 
¥()=8 (OS [t —=(4] + v4, (2) 


where y(t) is the signal at the channel output, A(t) is the multiplying com- 
ponents of the interferences, T(t) is the transient components of the inter- 
ferences, v(t) is the additive components of the interferences (“white” 
noise), S(t) is the transmitted signal. Let us assume that during the time 
interval T the transmitter is emitting one of the N possible signals, while 
their apriori probabilities are equal and the “cost of the losses” with the 
fixation of the r-th signal, when the q-th signal was transmitted, is equal. 
Expressing the signal S;(t) in terms of a Fourier series we obtain 
S(t) = Y (a, cos ket + 6, , Sin kof), 
k=1 
2rn 


ie a a eeeNG (3) 


At the output of the channel we obtain the signal 
Y= % 8,4O {a, ,cos [hoot — 4, ,(4)] +6, ,8in [Aeot — ¥,,,(6)] + (0)} (4) 
k=1 


We will assume that By k(t) andy ,(t) do not vary during the time 
interval T and that fading is smooth. Then 


8, =8, ana },,()=9, and 


y(Q=8, YS [a,,, cos (hoot — ¥,) +b, , sin (kogé —4,)] + ¥(). (5) 
i 


We represent the process v(t) in its canonical form [5] 
v()=M 2m Pn (E), (6) 
m 
va 
where 2», { ’(t) Pm (¢) dé is the independent normal component, E[z,,]=0 and 


E [27] = 2, ©, (t)are the coordinate functions satisfying the integral equation 


i 
[ K (4, u) Bp (t) dt =2,,Pm (i), (7) 
0 
K(t, u) is the correlating function of the process v(t), Am are the eigen- 
values, equal to oes 
Then 
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r 
aA y(t) ®,, (¢) at, 


(8) 
and the coordinates of the signal at the point of reception will be equal to 
Yn=2m Si Sets (9) 
where Sm ry is the mathematical expectation of ym; 


=p, di Cat 4 COS app > ta ning, (10) 
k=l k=1 
a 
im, PP a f ®, (¢) (a, , COS R@ot += 6, k sin kW t) dt 
0 
T 
a ij ®,, (¢) (a, , Sin kwyt — 6, , COS kof) dt. 
0 


Then for the mutual density of the probability of the first M observed 
coordinates we will have the expression 


OME May ale >) Pe tn vy F 


(11) 
In order to evaluate the most Leute parameters of the cua 


and 7, we apply the method of maximum probability [6], by which By and 
}, are determined from the system of equations 


M 
»; Yn —Sm,r Br, br) A 


0 
ae, log p, = 0 


— Sm,r (Br ¥,) = 0 (12) 
I a op, m, 8 y 
— Ym —Sm,r Br, Y,) @ 
| a log 7 ae 0 est o, Oy, Smr Br »,) =0 (13) 
iL 
From Equation (12), after proper substitutions we obtain 
= 1 
J 1 Ym (Aq COS Hy + Om, SIM Y,) 
on 
== (14) 
» ‘. (Aq, COS $y + by , Sin v,)? 
m=1 om 
where 
(aS pp | 
k=1 


Substituting (14) into (13) we find 


M 2 M M M 
tod. = 3 any » Y¥mom,r SS Gm yr Omyr > Y¥mFm yr x 
1 oe a es . 
m=\ m m=1 m Ese 


m=1 on m=1 on 
i 0) M M M 
- Dor Ym %m,r Qnyr On Ymb mn Ff 
| (S728) See peers ieee (ama 
m~\ m m=1 m m=1 m m=1 m / 
Taking the limit as Mo, we have 
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M 82 T 
ay) ao (SOL (t) dt, (16) 


¢ «. 
m=1 m 0 


where S*(t) is the function coupled with S;(t) in accordance with Gilbert, 


o 


MMP ELTA ig 
fa (t)=lim i272 ®,, (2). 
Mero om oy, 


Function fq(t) is determined from the equation 


(Ka) fal) da=— Seo, (17) 
0 
If the noise is “white” then 
falt)=— S° (0). (18) 
Then 
lim . Frnt ye (19) 
Moo 2 cr 


Analogously one can show the correctness of the expressions: 
M2 


lim. Mf =P -, (20) 
M?>o 2 y 
m=1 m 
M T 
lim Y) "= [ y(0S, (ae, (21) 
otis m=1 on 0 
M T 
lim elm ae y (0) S*(¢) dt, (22) 
gic m=1 
M T 
lim mir Omyr r om i rae S? (t) dt. (23) 
“aes m=1 
Substituting (19)-(23) into — and (15), we obtain 
T T : 
(cos $,) f y (4): S,( at — (sin ¥,) J y¥()- S, (Dat 
serail : (24) 
é 7, 
P,,, — (sin 24,) J S, (2) S* (f) at 
i 0 
T T , @ i 
Jf y¥@S-@at- J S,/-S,@at—P,,, J y(Q-S, (Qat 
0 0 0 (25) 


tg¢,= iT ie T a 
Pew SOS, at—{ ¥(OS. (at | S/0) S, (0) at 
, 0 0 


Analogously during the transmission of the signal S(t) we find 


re i r ° 
ay=| (cos 4) f y (t) S, (¢) dt — (sin $,) J y(t) S? (¢) at| PE (sin 24,) f S, (¢) S?(t) atl 
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igo, = ee ( dt FS, (0); (0) de— Poof OSy(Oatl: 


pa j y(t)S,(t) dt — 19 (t) S(t) dt j 5, (t) $3(¢) dt]. (27) 


In order to Hepeemiie the franeuied signal let us apply the method 
of probabilities. In accordance with the assumptions introduced above the 
probability equation takes on the form 


lo Dr Signein Yu) — (0), (28) 
. Pq (N1,--+s Yu) 


Substituting the corresponding values into (28) and omitting elemen- 


tary rearrangements, we obtain the criteria of reception 
2 2 

0, — 2X, -Y, + 1 0, —2Xq-Yq- Yq (29) 

Poy (i=) P..,{1—1%4) 


where 


T T > 
S* (t) dt |; 
@=)VxX+r= =v Ta jae | + [ 590 (t) | 


Tv 
+ f,S (4) S* (4) dt. 
12} 
For systems with an active pause and when yr = Yq = Y we obtain the 
criterion 


@? SONY. yc GO — ON Pry. (29') 


Figure 2 represents one of the possible schematic achievements of 
criterion (29’), the so-called scheme of the coherent ideal receiver. 

The scheme contains N generators Gj, producing the form of the 
expected signals, N 90° phase shifters ;, 2N multipliers Mj to which the 
received oscillations y(t) and supporting voltages are applied. At the 
output of the integrators Uj, connected to the multipliers, at the moment 
t= T exist the voltages proportional to the magnitudes X and Y. These 
voltages are squared in the squaring devices Kj and are then added in the 
summers S;. From the output of the summers, these voltages are applied 
to the minimum limiters Oj which have a controlling threshold. The opera- 
tion of the scheme controlling the threshold is clearly shown in the diagram. 

If the coefficient of transmission of individual stages is selected 
properly, the voltages at the output of the limiters, at the moment t = T, 
will be equal in magnitude to the left or right-hand side of the inequality 
(29’). These voltages are compared and the larger of them determines 
the signal, which must be selected by the EBSCO an. For systems with an 


active pause and for the condition where j S(t) S*(t)dt = 0, the criteria for 


the ideal reception has the form 
a> 9, (30) 


Criteria (30) coincides with criterion (1). 

Figure 3 shows one of the possible schematic ways of achieving cri- 
teria (30), the so called scheme of the incoherent ideal receiver. The 
scheme contains N supporting signal generators G;, producing the form of 
the expected signals with such an accuracy as to include the phase, N band 
multipliers BMj; to which the incoming and supporting signals are applied. 
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Figure 3 


where 


~ 
“mf 
is} 
oO 
i 
4 
13) 
Hy 
fe) 
mest 
io} 
H 
ise} 
a 
e) 
oO 


Figure 2 


Voltages from the outputs of the 
multipliers are applied to the inte- 
grating filters U%; and thereafter, 
through the envelope detector Dj, to 
the comparator circuit. 

Let us determine the probability 
of error for the coherent and the 
incoherent methods of reception for 
orthogonal, in the amplified sense, 
systems {1]. We shall limit our dis- 
cussion to a case of a two-position 
system where two different signals 
are possible: 


comparator circuit 
Fs) 
(= 
= 
S 
iS 
ot 


Sy (t) and So) (t). 


During coherent reception, in 
the absence of fading the probability 
of error will be [7] 


Pera > [1 — (@)}, oN) 


T 
a= E_ ([5,()—S, (oP d= pete. 
2Py J Pn 

In order to obtain the probability of error it is necessary to neutra- 


lize (31) with respect to 6 


Pen => § PG) [1 — © (a)] dB. (32) 


ota 8 


During the computation of the probability of error, it becomes neces- 
sary to know the law of distribution of 8. The generalized law is the m- 
distribution [8] 


IQmmx2m—! Q 
x)= (33) 
p (x) Gimam : 
where 
Q—x?, 
ae eae | Reet 
0 2 


For various indices m, this distribution falls into one or another particular 
law of distribution. Thus, for m = 1 we obtain Rayleigh’s law, and for 

m = 1/2 we obtain the normal law. Substituting (33) into (32) and consider- 
ing that 


8 
== —— 
By Ao, 
where 
i.e 
a=——( [S,() —S.(p]2 =e 
i 2Py J [S, »(¢)| Py? 
®=VeQ, 
we obtain : ie 
1 G(m+0,5) om+l dx 
(eS | hla { 
err S | G(m) te ‘ (2m + x27 4"l0 | (34) 


In the case of Rayleigh’ s fluctuations for m = 1 it follows from (34) 


2 
om ho V4 evan. 
Per = iy oe V eee da Be (35) 
Expression (35) agress with the results of work [3]. 
In order to determine the probability of error in incoherent reception 
we Shall use the expression for this probability in the case where in the 


absence of fading the reception is carried out without a consideration for 
phase [2]. For orthogonal systems 


Per= + exp Fes a (36) 
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where 
C— By Ao. (37) 


Having substituted (37) into (36) 
and neutralized with respect to B, we 
obtain 


mm gm—1 


Perr (2m ‘i 3m . 


(38) 
In the particular case for Rayleigh 

fading, it follows from (38) 

Figure 4 1 


Per = 


a oe (39) 
2+ ae 
Expression (39) also agrees with the results of work [3]. Curves of 
interference stability at various values of m are shown in Figure 4. 


CONC LUSIONS 


It follows from the curves of interference stability that in order to 
obtain an equal probability of error for the case of coherent reception, 
one requires almost half as much signal power. Since the scheme for 

T 


incoherent reception in the case where f S(t) S*(d)dt = 0 coincides with the 
0 


scheme for an ideal coherent receiver, and considering the relative sim- 
plicity of attaining the system for incoherent reception, it is recommended 
that for the practical case the scheme shown in Figure 3 be employed. 
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REGARDING THE COMPUTATION OF THE 


CHARACTERISTICS OF COMPRESSION IN 
SYSTEMS WITH PULSE-CODE MODULATION 


I, A. Lozovoy 


The stated problem is the determination of the characteristics of 
compression which, in a telephone signal transmission system with pulse- 
code modulation will permit one to obtain the highest signal-to-quantization 
noise ratio for signals with variable power. Described is the method of 
computations of the characteristics of compression for a given dependence 
of the signal-to-quantization noise ratio on the power of the signal. 


As is known, one method of increasing the signal-to-noise ratio in 
transmission systems with pulse-code modulation is the application of non- 
uniform quantization. Nonuniform quantization in isolated cases permits 
one to get by with relatively small-discharge coding devices without any 
noticeable deterioration in the quality of transmission [1, 2]. The most 
widely known method of attaining nonuniform 
quantization consists of connecting an instan- 
taneous action compressor before the coding 
device with equal steps of quantizationl. 
Figure 1 shows the amplitude characteristic 
y = f(x) of such a compressor. 

As can be seen from Figure 1 uniform 
steps of quantization of an amount A at the 
output of the compressor with respect to its 
input turn out to be unequal and their magni- 
tude can be determined by using the formula 


A\ 
Ay = ——_, (1) 
Sf, i) 
where f, (xj); is the first derivation of the Figure 1 
compressor characteristic at the point Xj. 
Since the compressor is a nonlinear device, an expander with an amplitude 


characteristic x = ~(y), must be connected at the receiving end. For the 


1 : 
All conclusions and recommendations obtained below can be equally 
applied to coding devices in which nonuniform quantization is accomplished 
in any other manner, 
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pene eon f[~(y)] = Ky, where K = const, there will be no nonlinear distor- 
ions. 

The gain in the magnitude of the signal-to-noise ratio depends upon 
the characteristics of the compressor {(x). This work proposes a method 
of computation of the characteristics of the compressor in which the require- 
ment of sufficient signal strength over the quantization noise is attained in 
the best possible manner. 


NOISE DURING QUANTIZATION WITH NONUNIFORM STEPS 


The mean power of the quantization noise in the general case is com- 
puted by formula [1, 2] 


Pp (X;). (2) 


NSN? 
= aX 
ga WV 
Feed 12 


=) 
Here 6° is the average quantization noise power, Aj is the magnitude 


of the i-th quantization step, xj is the abscissa of the middle of the i-th 
quantization step, p(xj) is the probability of the instantaneous values of 


the signal within the limits (4- = ) a (4 + ik N is the number of quan- 
tization steps. 

In the particular case when all the steps of quantization are the same 
and are equal to A, formula (2) becomes the widely known expression for 
the average power of the noise during uniform quantization 

= (3) 


oe fim Es 
“uniform 79 ° 


Substituting expression (2) into formula (1) we obtain 


=, WP) 
2 — =. (4) 
12 i Ley? 


In the case of a large number of steps of quantization the sum can be, 
with sufficient accuracy, replaced by an integral (1, 2] 


Wee 2 LES er (5) 


where P(x) is the density function of the probability of instantaneous values 
of the signal. 

Expression (5) permits one to compute the quantization noise power 
for a signal with known distribution of instantaneous values of P(x) using 
given compressor characteristics f(x). Since later on it becomes neces- 
sary to solve the reverse of this problem, we propose to deal with some 
of the properties of compressor characteristics. In particular, it is quite 
obvious that for the compression characteristics the following equation must 
be satisfied: 


Ff (0)=0, (6) 


i.e. , in the absence of any signal at the input of the compressor there can 


not be any voltage at its output. 
Below we propose to investigate only signals with a symmetrical 
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distribution of instantaneous values of P(x). 
In connection with this it is also obvious that 


f(x)=—f(—). (7) 


From here we can change (5) somewhat 


\ PR) ay (8) 
Uf 


2 
Ay 


Pi 
6 


0 


The quantization noise power o according to (8) is proportional to 
the square of the magnitude of the quantization step Ay delivered to the 
output of the compressor (Figure 1) 


where Y is the maximum positive value of the signal along the y-axis and N 
is the number of quantization steps. 

The power of the signal is given at the input of the compressor. In 
computing the signal-to-noise ratio, the power of the signal and the quan- 
tization noise must be determined at a point with equal relative level. In 
connection with this it is convenient to assume that 


aes 


where X is the maximum positive value of the coded signal along the x- 
axis yale eke. 


f(X)=Y=X. (9) 


If condition (5) is not satisfied for a real compressor then in comput- 
ing the signal-to-noise ratio, the power of the quantization noise, deter- 
mined from formula (8), must be recomputed proportionally to X?/Y? . 
Such a recomputation is a linear transformation of the characteristics of 
compression, after which condition (9) is satisfied. 


DETERMINATION OF THE COMPRESSION CHARACTERISTICS 
IN ACCORDANCE WITH A GIVEN FUNCTION 


For a signal with given distribution of instantaneous values of P(x) 
one can select the characteristics of the compressor with the_aid of for- 
mula (8) in such a manner as to obtain the minimal value of 6%. For this 
one must find the minimum of the functional (8) [1, 2, 3] using methods of 
variational calculus. 

Such a problem makes sense only in the case when one knows in 
advance that the coded signal is not subject to changes in its statistical 
parameters. For example, with frequency division of channels and 
pulse-code modulation (FD — PCM) a multichannel signal can be con- 
sidered a stationary random process with normal distribution of instan- 
taneous values. 

Optimum characteristics of compression are determined for such a 
signal in [1]. As computations have shown, the application of a compressor 
with optimum characteristics permits one to decrease the power of quan- 
tization noise by approximately a factor of two. 

In a system with time division of the channels and pulse-code modula- 
tion (TD — PCM) it becomes necessary to use nonuniform quantization due 
to large dispersion of signals from individual subscribers in accordance 
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with power. In TD — PCM the individual signals are coded separately in 
time and therefore during the determination of the quantization noise power 
for some signals it becomes necessary to take into account the distribution 
of instantaneous values of only that signal. We shall assume that all the 
individual signals possess the same type of distribution of P(x) and differ 
only in magnitude of their average power. 

Consequently, it becomes necessary to include the parameter x, the 
average power of the signal, into the probability density function of the 
instantaneous values. Then from (8) we will have 


8 (x)? =) [ Pt, x?) p (x) dx, (10) 
0 


where A= A? /6; P(x, x?) is the probability density function of the_instanta- 
neous values of the signal subscriber with an average power of x?; 


1 
if OF | 


Expression (10) permits one to determine the dependence of 6 on 
the average signal power if function P(x, x*) is known and the character- 
istics of the compressor f(x) are given. On the other hand one can select 
a function f(x) in such_a manner as to obtain a given dependence of the 
signal/noise ratio on x2. Up to this time all efforts to find the required 
compressor characteristics were confined to a simple comparison of 
known f(x) characteristics in accordance with the magnitude of signal/noise 
ratio for signals with different power. Below we propose a method of 
computing the compressor characteristic f(x) for a given dependence of the 
signal/quantization noise ratio Q(x’). 

From now on we shall consider the initial function & (x’), since it 
can be easily found for a given function Q(x). 

The solution for the stated problem is the finding of the function (x), 
which satisfies the integral Equation (10). In the general form the solution 
of such an equation, called the Fredholm integral equation of the first kind 
(4],. can be written in the following manner: 


(x) = Y a,g, (x) w (x). (12) 


Here function gy(x) forms a complete system in the interval (0, oo); 
w(x) is the weighting function which can be selected in value close to (x) 
and by this to improve the convergence of the series (12); the unknowns 
are the coefficients an. Substituting (12) into (10) we obtain 


p(x) = (11) 


8 (2) = Da, df P(x, #8) g,(x)w (x) dx = YS ayhy (13) 
n 0 n 
where o 
h, (x?) = { P(x, x?) g, (x) w (x) dx. (14) 
0 


In this manner, the solution of the integral equation consists of 
finding the coefficients a, from the known hn. This problem is relatively 
simple for the case when the functions hy are proportional to the powers 
x2, Then the coefficients an are determined by a comparison of correspond- 
ing terms of the polynomial 2 anhn(x’) and the expansions & (x2) according 


to the powers x2, 
In other cases the solution of Equation (10) becomes considerably 


more involved [4]. 
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From the found function ¢(x) it is necessary to find the character- 
istics of the compressor f(x). In accordance with (8) 


(x)= fe (x)dx + C. (15) 


Since the constant of integration is determined from the condition 
£(0) = 0, expression (15) can be written conveniently in the following man- 
ner: 


f(a) = fox) ae. (16) 
0 


Now it is necessary to check the solution for the condition f(x) = X. 
As was stated above, if this condition is not satisfied it will mean that the 
power of quantization noise must be recomputed in proportion to the square 
of the ratio of the measures of the coordinate axes. After such a recom- 
putation the initial function 6?(x?) will change. It follows from here that 
for the original given function 6?(x?) in relative units it is impossible to 
select a real compressor. In this manner condition (9) limits the selec- 
tion of initial functions 6*(x?) which correspond to the attainable compression 
characteristics f(x), satisfying this condition. 

In connection with this we will investigate some of the properties of 
the function 8#(x?). Let there be a compressor with a characteristics 
f, (x) satisfying (6) and (7), for which the relationship 64(x”) has been found 
and aside from this some function shown below is known 


82 (x?) < 82 (x?) (17) 


for r, 
0< x? < oo. 


It can easily be shown that for such a function it is impossible to 
select a compressor characteristic f(x), satisfying the condition (9). 
Actually the inequality (17) indicates a decrease in all quantization steps 
during compression and consequently X < Y, which contradicts condition 
(9). Analogously one can prove the impossibility of selecting an attainable 
compressor characteristic f(x), satisfying condition (9) for a reverse in- 
equality 


82 (x2) > 82 (x2) or (0 < x? < 00), 


On the basis of this one can formulate the following necessary condi- 
tion for the function 8?(x?), — _ 

If there is a function @?(x?), to which a compressor characteristic 
corresponds and which satisfies condition (9), then any other function 6?(x?) 
also corresponding to such a characteristic of compression must have a 
point of intersection with the function 8?(x2), The given necessary condition 
can be proved completely analogously also for the function Q(x’). } 

This peculiarity simplifies somewhat the selection of the initial de- 
pendence of the signal/noise ratio on x? or the function Q(x?) for the deter- 
mination of the compression characteristics. 

_Thus, the finding of the compression characteristics for a given func- 
tion 6’(x?) consists of the following sequence of operations: 
hes 1, Solving of the integral Equation (10) with respect to the function 
xe 

2, The determination of the compressor characteristics f(x) fora 
given function ¢(x). 

3. Checking to see if function f(x) satisfies condition (9). 
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4. In case condition (9) is not satisfied the initial function must be 
recomputed proportionally to the ratio X2 /Y2 , 

5. If the recomputed function 6*(x*) does not satisfy the stated re- 
quirements, it becomes necessary to select a new initial function using 
the previously stated necessary condition for the function 62(x?), 

Below we shall investigate the solution of Equation (10) for the 
particular case of an exponential distribution of the instantaneous values of 
the signal. 


THE DETERMINATION OF THE COMPRESSOR CHARACTERISTICS 
FOR A TELEPHONE COMMUNICATION SYSTEM 
BASED ON THE PRINCIPLE OF TD — PCM 


As was indicated above the methoddescribed in the previous section 
can be used to find the compression characteristics for the TD — PCM 
system. Let us assume that the coding object in such a system are tele- 
phone signals with an exponential probability density distribution of the 
instantaneous values [2]: 


AE 
INC) = —— == C Ve 
V2Ve 
P(x) = — P(—2), 
where VY x2 —the mean-square value of the signal. en 

Let the dependence of the signal/noise ratio on Vx be given. From 
here it is not difficult to find the function 62(x2). Let us represent this 
function in the form of a polynomial 


Ba@yP= A+ 4, V x2 + AV 2) yl Vac: | + 
eal) 22 \7, (18) 


where Ao, Aj, Ap, ..., Am are known coefficients, 
Substituting the distribution function P(x) into expression (10) we 
obtain 


= = 2 
2 (x2) == 


3 1 
7) V2IVe 


e '* o(x)dx. (19) 


In accordance with (12) g(x) will be searched for in the following 
form: 
¢ (x)= a,x". 


Solving Equation (19) by the procedure described above using formula 
(14) we find 
‘ yee 
haa reo heres oh Rdg (YX) (20) 
© 0 V 2 V2 (V 2 ) 


However, in accordance with (13) 32 (x?) = ¥ a,h,(x2). Then comparing 


n 


(20) and (18) we determine the unknown coefficients 
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pling oA ollanes iy Be eh 


hn MP (n +1) 


(21) 


In this manner function (x) is determined and now, using the relation 
(16) we can find the compression characteristics 
~ dx 
f (x)= | (22) 


0 V Qo + Q4x 4- dox? + a3x3 4-... + a,x" 


SAMPLE COMPUTATIONS 


Figure 2 shows the initial 
dependence of the signal/noise __ db 
ratio, in decibels, onc = X/y x? 26 
Let us designate the initial func- % 
tion by Q, (c). 

For further computations 
we will use A= 1 and Y = X= 32 
steps of quantization. Function 


o (V x2}, corresponding to Q, (c) 


ff wee 
AE PEE Ne? 
UIT TTT 


is written in the following manner: Figure 2 


2(V 2) =A, + AV 2 + A,(Ve ) =0,0004875 — 


— 0,001 0065 V x? + 0.003045 (Ve). 
According to (21): 
Ay = 12 Ay = 0,005 35, 
a,=12 VV 24,=— 0.01705, 
ay = 12 Ao—0,0365: 
From here 


x 


f(xy=] = 


0 V a + ayx — aox? 


pee 0.073x — 0.017 05 


PR YF oie 


= SSS + Arsh 0,718 |. 
V 0.0365 


Now it becomes necessary to check if condition (9) is satisfied 
Y= f(X*) =f (82)=31. 


This indicates that the initial function @ Vx must be recomputed 
proportionally to X?7/Y*. As a result of the recomputations it was deter- 
mined that the function Q, (c) (Figure 2) has a certain reservoir along the 
magnitude of the signal/noise ratio and therefore it makes sense to select 
a new initial function Q;(c) being guided by the necessary peculiarity de- 
scribed above, _ 


Function 32 (V x2 ) corresponding to Q3(c) is determined by the ex- 
pression 


33(V x? ) — 0.00302 (Vx?) — 0.001 065 Wx? + 0,000 4875. 
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ae As a result of the computations we obtain new compression character- 
istics 
y = 5.24 [Arsh (3.65x — 0,72) + 0.62] . (23) 


With this 
Y = 5.24 [Arsh (3.65 - 32 —072) +062] = 32=X.. 


The described method of computing compression characteristics per- 
mits in each individual case the finding of the best characteristics for 
quality requirements in a transmission system using pulse-code modulation. 


REFERENCES 


1. V.M. Shteyn. Regarding the transmission of a group signal with fre- 
quency division of the channels by the method of code impulse modula- 
tion. “Elektrosvyaz’”, 1959, No. 2. 

2. Smith. Instantaneous companding of quantized signals. Bell Syst. Tech. 

Journal, 1957, No. 5. 

L.E. Elsgol’tz. Variational Calculus. Gostekhizdat, 1958. 
F,M. Morse and G. Feshbach. Methods of Theoretical Physics. 
\Woil, UW, whl 5 al aye%, 


HY Go 


Submitted February 28, 1961 


EFFECT OF PARASITIC FREQUENCY 
MODULATION OF EXCITER ON 
OPERATIONS OF A SINGLE-BAND CHANNEL 


E.P. Yekzhanov and V.M. Rozov 


The mechanism of the effects parasitic FM of the exciter (or the 
receiver heterodynes) on transmission of the signals in a single-band 
channel is briefly studied. A simulator for single-band channel and the 
procedure for conducting experimental investigations is described; the 


obtained results are discussed. 


The question dealing with the effects of parasitic frequency modula- 
tions of exciters or receiver heterodynes arose in connection with present- 
day tendency of using of supporting frequency generators with a discrete 
net of output frequencies in place of exciters or heterodynes. 

These supporting frequency generators (SFG) receive a stable 
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frequency from supporting quartz oscillators. This frequency is transform- 
ed many times at the junctions of division, multiplication, addition and 
subtraction of frequencies; finally the given output frequency is similarly 
synthesized from the various obtained combinations. 

The presence of a great number of frequency transformation stages 
in the SFG scheme leads to the situation that the output voltage contains, 
aside from the basic given frequency, a whole series of additional fre- 
quencies which are present either from direct passage from previous 
stages, or from amplitude or frequency modulation of the basic frequency. 
Also these three forms of additional frequencies may occur simultaneously. 

The use of improved shielding, filtering and amplitude limitation 
permits one, to a large degree, to eliminate the additional frequency com- 
ponents obtained through direct passage of parasitic AM. 

The components forming the spectrum of the parasitic FM, however, 
usually remain; in connection with this, the modulating frequency, as a rule 
is one or several of the harmonics of the network feeding frequency, i.e., 
avery low frequency. The spectrum of the frequency modulation of the 
output voltage turns out to be very narrow. 

The use of SFG in place of an exciter for a single-band transmitter 
and heterodynes for a single-band receiver leads to distortions in the trans- 
mitted signal due to the presence of parasitic FM in the output signal of the 
SFG, 

If all the transformations of the signal Ujp (Q) fed to the single-band 
transmitter modulator input were replaced by one equivalent transformation 
and the same was done for the single-band receiver, then these transfor- 
mations could be described by the following two formulae: 


U;, (2) a U5 (1) ed Uin(@, a; 2), (1) 


U;,(4 a Q) — Uner() a Uout (2 -+- Ao). (2) 


If the frequencies w, and w, coincide exactly then the shift in the out- 
put frequency of the signal Awis equal to zero, and an ideal restoration of 
the initial signal appears at the output of the receiver. 

If one of the voltages Ugye jt (#1) Or Uhet (2) (or both together) if 
frequency-modulated, i.e. , for example, 


U. (0) = U cif 8 (m,¢ +- msin Qt), (3) 


then the voltage at the output of the single-band receiver, receiving the 
signals of the transmitter with the indicated exciter, will be frequency 

modulated. In this case the operations (1) and (2) may be written in the 
following manner: 


Uin(2) + Um, + m2, cos Q,t) + Ujn(w, + 2 + m@, cos Qi), (1) 
U,,(m, + 2+ m@, cos Qt) — Uner(@2) > Ucur(2 + Ao + mQ, cos @,1). 
(2”) 
If the input signal is complex 
Uin=X U, cos Qt, (4) 


Pt 


then all the components in the output signal will be separately frequency 
modulated, i.e. 


Uour= ZY Vout cos (2;¢ + msin Q,P). (5) 


i=1 
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In order to evaluate the effect of the parasitic frequency modulation 
on the transmission of voice and multichannel telegraph signals through a 
single-band channel an experiment was conducted using a Simulator of a 
Single-band channel. 

The block diagram of the simulator is shown in Figure 1. 


phase } i 
inverter output 


input 


Figure 1 


A single-band signal in the device is formed with the aid of a balanced 
modulator (BM) and an electromechanical filter (EMF) with a transmission 
band width of 3000 cps. A high-frequency voltage from the oscillator con- 
taining quartz Gj, and the investigated signal are fed into the balanced 
modulator. The EMF is followed by a stage of amplification for the single- 
band signal, and then the detector. In order to restore the carrier during 
detection an oscillator, containing quartz G,, is used. The mean frequency 
of this oscillator equals the mean frequency of oscillator G,, which is con- 
nected to the balanced modulator BM. 

A reactance tube is connected to oscillator G, by the aid of which the 
frequency modulation of this oscillator takes place, i.e., the effect of 
parasitic frequency modulation in a one band channel is created. Maximum 
frequency deviation, obtained in this scheme is +50 cps. A measuring 
device with a correspondingly graduated scale is connected into the input 
network of the reactance tube for the purpose of subtraction of the deviation 
during measurements. 

Low-frequency signals obtained at the detector lead are then amplified 
by means of a three stage amplifier, the frequency characteristic which 
is practically linear in the range of 50-4000 cps. The use of negative feed- 
back in the amplifiers has permitted one to obtain a value for the coefficient 
of nonlinear distortions of the entire device of not greater than 2.5% for an 
input signal voltage of 1. 2-1.5 volts and an output signal voltage of not 
more than 10 volts rms for a 600 ohm load. It should also be pointed out 
that in this device measures have been taken to completely suppress the 
amplitude modulations occurring with the frequency modulation. Also, 
the operating regimes of one of the most important units of the scheme — 
the frequency modulated quartz oscillator — have been stabilized. 

The experimental measurement of parasitic FM distortions was con- 
ducted with the aid of the previously described TT — 12/16 (speed 50-75 
bauds) tonal telegraphy system simulator. The measurements were made 
on a model of the apparatus which serves to compress single-band radio 
channels with telegraph channels (speed 200-300 bauds); the effect of para 
sitic FM on voice telephone signals, transmitted through the simulator, was 
also studied. 

The block diagram of the experiment is shown in Figure 2. 

The single-band channel simulator is connected into the line connect- 
ing the transmitting and the receiving parts of the apparatus of the tele- 
graph system indicated above. 

During the investigation of telephone signal distortions, a tape 
recorder is connected to the simulator input and a loudspeaker to the 
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Figure 2 


simulator output. In order to produce parasitic FM with a given modulated 
frequency a sound frequency generator is connected to the input of the 
simulator reactance tube. The quantitative evaluation of the distortions of 
telegraphic parcels (predominances), brought about by parasitic FM, were 
carried out with a stroboscopic predominance measuring device of the type 
II-55 for the system TT-12/16, and with a telegraph signal analyzer of the 
type “TANK”, connected to the outputs of the receiving parts of the investi- 
gated systems, for the apparatus serving to compress single-band radio 
channels. 

Measurements were conducted in various channels of the systems at 
several values of the deviation and parasitic FM frequency. 

During the measurements the character of the telegraphic operations 
was the sending of equal duration parcels (“dots”) from the telegraph signal 
simulator. 

Results of the conducted measurements for the TT-12/16 system are 
given in Table 1. Table 2 gives the data for the apparatus serving to com- 
press single-band radio channels. 

The effects of parasitic FM on telephonic transmission were evaluated 
by the percentage of noticed distortions in comparison with undistorted 
transmissions of male or female speech. 

Nine listeners participated in the experiment. Each was given two 
one-minute duration sessions, with and without distortions, in a sequence 
unknown to the listener, for each value of the parasitic FM deviation and 
for each frequency Fy. 

The results of the experiment are given in Table 3. 

It should be pointed out that the experiment with voice transmission 
must be considered as highly preliminary due to the small volume of 
statistical data. 

It is given here in order to illustrate the following conclusion: the 
limitations of level for parasitic FM in a single-band channel are quite 
close to each other from the points of view of telegraphic signals with 
frequency modulation and the transmission of voice signals. 

Using the results of the conducted measurements one can arrive at the 
following conclusions: 

1, Distortions of telegraph signals due to parasitic FM in a single- 
band channel have the character of variable predominances of telegraphic 
parcels. 

2. The magnitude of the predominances depends on the modulating 
frequency Fy, of the parasitic FM, as well as on the existing frequency 
deviation: 

a) for any values of Fyy = 20-150 cps the distortions grow with an 


increase in the deviation frequency, Fg. Even at small deviations these 
distortions reach considerable magnitudes; 
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Table 3 
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b) there is a tendency toward a decrease in distortions with an in- 
crease in Fy, if Fg remains constant. 

3. Considering that a loss of the correcting ability in radiotelegraph 
channels due to internal (apparatus) interferences in excess of from 2-5% 
is detrimental, we can state that the maximum permissible value of the 
parasitic FM frequency deviation Fg < 5 cps. 

In conclusion it should be pointed out that the results given in this 
article, even though they permit one to evaluate the order of magnitude of 
the effect of parasitic FM on the qualitative indices of radio channels, they, 
however, do not lead to a complete understanding of quantitative ratios in 
actual radio channels for the following reasons: 

a) modulating voltage of the parasitic FM has a complex character 
in actual devices. Aside from low frequency periodic components there is 
also the presence of oscillations resembling noise. As a result of this, 
measurements analogous to the ones conducted must also be carried through 
in a real installation; 

b) in radio communication the units of SFG must work in the trans- 
mitter and the receiver, as a result of which the effect of parasitic FM 
influence becomes more pronounced and the limitations for parasitic FM 
deviation becomes more rigid. 

It should also be pointed out that as a result of the complicated 
character of the modulating voltage of parasitic FM, it will be of great 
importance to develop a scientifically based procedure together with 
appropriate apparatus for the measuring and evaluation of parasitic FM. 
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CHROMATICITY DISTORTIONS DURING 
TRANSMISSION OF CHROMINANCE 
SIGNALS IN CHANNELS WITH LIMITED 
FREQUENCY BANDWIDTH 


V.I. Yefimkin 


Questions dealing with the selection of the frequency bandwidth for 
chrominance channels in compatible color television are discussed. Chro- 
maticity distortions, due to color signal finite rise time and overshoots in 
the transient characteristics of chrominance channels, are analyzed. 
Luminance distortions of color boundaries are investigated. 


REPRODUCTION OF COLOR BOUNDARIES 


The quality of a color television image is rated by an observer by 
the reproduced trueness of the color of some of the most frequently occur- 
ring objects in real life, for example, the color of springtime foliage, body 
color, etc, The observer also considers the sharpness of the reproduced 
color boundaries. 

The quality of reproduction of color boundaries in a linear system of 
color television is determined by the amplitude — frequency and phase- 
frequency characteristics of the luminance channel and chrominance channels. 
However, the widening of the chrominance channels’ transmission band- 
width is limited by the permissible decrease in interference immunity of 
the system of color television with quadrature — modulated subcarrier 
frequency. This decrease in interference immunity is caused by the in- 
creased penetration of high-frequency components of the luminance chan- 
nel into the chrominance channels. Therefore, in order to bring about the 
required sharpness of the reproduced color boundaries, with sufficient 
interference immunity for a color television system, the chrominance 
channels must have a large steepness of decrease of amplitude-frequency 
characteristics. Transient characteristics of such communication chan- 
nels are characterized by a finite time of establishing Te and overshoots, 
The duration of transients in chrominance channels is several times larger 
than the duration of transients in the luminance channel. Therefore the 
maximum color boundary washout zone, which we shall evaluate by the 
duration of the transient effect, is determined by the chrominance signals. 
The reproduction of color boundaries, however, is determined by the 
mutual action of the luminance and color difference signals and depends 
upon the chrominance signals through which the color information is 


transmitted. 
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Nonstationary oscillating processes which appear in the transmission 
channel of black-white television, appear in the image in the form of under- 
lining of the boundaries and multicontoureness of the image. The magnitude 
of the first overshoot of the transient characteristic, noticeable by the eye 
of an observer, is 2.2-2.4% [1]. It is not possible to transpose the obtained 
data to color television due to a different sensitivity of the eye to the color 
and luminance changes of the color, as well as due to different values of 
the frequencies of nonstationary oscillating processes in the channels of 
color and black-white television. 

Overshoots in chrominance signals for the case of transmission of 
unsaturated colors in the image appear as changes in chrominance only, 
therefore the determination of their permissible values must be conducted 
in accordance with the permissible chromaticity distortion of the trans- 
mitted scenes. 


CHROMATICITY DISTORTIONS OF BOUNDARIES, CAUSED BY 
THE FINITE RISE TIME OF CHROMINANCE SIGNALS 


Due to the limiting of chrominance channel transmission bandwidths, 
signals Uy, Ug and Up have a distorted shape in the receiver at the output 
of the decoding device. Distortions appear in the form of splashes on 
signals at the instants of change from one color to another. This is caused 
by the addition of the luminance signal to the color difference signals which 
have different transient durations. 

We shall discuss the reproduction of color boundaries using the 
example of transmission of vertical color bands. 

Two versions of transmission of color information on one subcarrier 
frequency are possible in the standard OIR. One of these envisions the 
transmission of color difference signals UR_y and Up-y on a subcarrier 
frequency of a approximately 4.43 Mc through channels with equal frequency 
bandwidths, In the other version signals Uj and Ug are transmitted through 
the chrominance channels with different frequency bandwidths (as it takes 
place in the NTSC system) on a subcarrier frequency of about 5.18 Mc, or 
about 5.27 Mc. Therefore, the analysis of the reproduced color boundaries 
is conducted for both the versions of color information transmission using 
the following values of transmission bandwidths in the luminance and 
chrominance channels: 

a) luminance channel Y - 6 Mc, chrominance channels R - Y and 
B- Y-1.5 Me; 

b) luminance channel Y - 6 Mc, chrominance channel I - 1.5 Mc, 
chrominance channel Q - 0.5 Mc. 

Let signals Uy, Ug and Up, the forms of which are shown in Figure 1, 
be fed from the color band generator (CBG) to the input of the matrix device 
of the color television system. Approximating these signals to a trapezoidal 
form and using the equations of coding and decoding of color information, 
it is not difficult to obtain the shape of the signals Uy, Up and Up which are 
fed to the controlling electrodes of the color reception tube (Figures 2 and 
3). Figure 2 shows these signals for the case when the color information 
is transmitted by means of the signals UR_y and Up_y and Figure 3 — by 
means of signals Uj and Ug. Knowing the values of the obtained signals 
Uy, Ug and Up for each instant of time, one can compute the reproduction 
of color boundaries using colorimetry formulas. 

The nature of the reproduced color boundaries during the transmis- 
sion of the vertical color band signals is shown in Figure 4 in the form of 
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the displacement of the coordinate point 
in the base color triangle of the KZS 
receiver. The dashed line here shows the 
reproduction of the boundaries during 
transmission of color information by means 
of signals UR.y and Up-y and the solid 
line — by means of signals Uj and Ug. It 
can be seen from this diagram that duane 
transmission of signals Uj and Ug with 
different frequency spectrums, thé color 
boundaries are reproduced with more com- 
plicated color changes than is the case for 
transmission of Signals UR-y and Up-y. 
Figure 4 This is especially well apparent in the 
change from saturated colors into white. 
Thus, the change light blue-white takes 
place along a straight line connecting the points of white and light blue colors 
in the transmission of color information by means of signals UR-y and 
Up-y. In the transmission of color information by means of signals Uj 
and Ug this change becomes more complicated and takes place in the 
following manner: light blue, blue — light blue, light bluish — green, 
white. A similar complexity is observed in the reproduction of boundaries 
. between other different colors. 
A comparison between various cases of reproduction of color boun- 
daries (by means of signals UR-y and Up_y, or signals Uj and Ug) can 
be conducted on the basis of available experimental data dealing with color 
differentiating properties of the human eye. It is known from these experi- 
ments that the eye does not notice small changes in tone and saturation and 
receives a whole area of color shades as one and the same color (2]. The 
largest changes in color not distinguished by the human eye have been 
' called the threshold values (thresholds) of color sensitivity. The distin- 
guishing of the distortions in the reproduced color boundaries can be 
evaluated using the quantity the threshold value of color sensitivity. On 
the MKO color graph they are distributed nonuniformly. Considering their 
orientation [2], it can be easily seen that color changes contain more 
threshold values of color sensitivity during the transmission of color infor- 
mation by means of signals Uj and Ug than during the transmission of the 
same data by means of signals UR-y and UB-Y. If these threshold values 
of color sensitivity are located within the limits of the resolving power of 
the eye of the observer then the color border will appear more strongly in 
the image where signals Uj and Ug are used for transmission. 
In actual practice this can be observed for some color changes when 
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the Q chrominance channel transmission bandwidth is limited to 0.5-0.8 
Mc. This can be substantiated by experiments which are geared to deter- 
mine the required transmission bandwidth in chrominance channels ina 
system applicable to the television standard employing 405 lines of resolu- 
tion (British standard) (3]. From experiments with six observers it has 
been established that the maximum transmission bandwidth is required 
during the contrast of color band luminance equal to 1:1. During the 
experiments the quality of reproduction of the boundary between the bands 
was controlled by the observers, At higher or lower luminance contrasts 
a greater reduction of the chrominance signal bandwidth spectrum is 
allowable. The required value of the transmission bandwidth in chromin- 
ance channels varies for different color boundaries from 0.5 to 2.2 Mc 
depending upon the contrast of the luminances. Therefore, the frequency 
bandwidth of 0.5 Mc for one of the chrominance channels in the OIR stan- 
dard cannot be considered sufficient for high quality reproduction of a color 
image. 


DISTORTIONS IN REPRODUCTION 
OF LUMINANCE OF COLOR BOUNDARIES 


Color information transmitted in the high-frequency sector of the 
spectrum of the luminance channel is eliminated in the color-receiving 
device by means of either a rejector filter, or a low-frequency filter. The 
expression for the reproduced luminance B can be represented in the fol- 
lowing form: 


B=b,(Up_y + U,)' + bg(Ug_y + Uy )'+ b,(Ug_y + Uy)’. 


Here by, bg and bh are the coefficients characterizing the light emis- 
sivity of luminophores corresponding to red, green and blue luminescence 
of the receiver tube; y is the nonlinearity indicator of the receiver tube 
modulation characteristic, approximated by a parabola. 

In color television these coefficients are related to each other as 
the corresponding coefficients in the expression for the luminance signal 
{4]. Therefore the formula for the reproduced luminance can be repres- 
ented in the following manner: 


B= (by + bg + 6) [Kr (Up_y + Uy)'+ Kg(Ug_y + Uy)" + K(Ug_y +Uy 


where Ky, Kg and Kp are numerically equal to the coefficients which appear 
in the expression of the luminance signal. In this manner the reproduced 
luminance can be described by means of the signal UY, the formula for 
which is shown in the brackets. The form of the signal UY, obtained from 
the signals i UY and Uj}, is shown in Figure 5, In order to simplify the 
computations the Coefficient y is assumed to be equal to 2. In this diagram 
the dashed line shows the transmitted luminance, the solid line, the re- 
produced luminance if the color information is transmitted by means of the 
signals Uj and Ug. The dotted line shows the reproduced luminance for the 
case where the color information is transmittted by means of the signals 
UR-y and Up-y. It can be seen from the diagram that the color boundaries 
are reproduced with a reduced luminance. In the image, this shows up as 
blackout of the reproduction of color boundaries. The depth and width of the 
blacked-out area of the color boundary luminance is determined by the 
duration of transients in the chrominance channel. The duration of the 
transients in the Q chrominance channel is three times as large as the 
duration of transients in the R-Y and B-Y channels. Therefore a blackout 
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Figure 5 


area is observed during the transmission of color information by means of 
signals Uj and Ug which is three times as wide as for the case of the signals 
UR-y and Up-y. The transmission of color difference signals UR_y and 
UB-y is also preferable from the point of view of the magnitude of reduc- 
tion of the luminance of color boundaries since for the discussed color 
boundaries it is either smaller, or equal to the reduction of the reproduced 
luminance obtained in the case where the color information is transmitted 
by means of the signals Uj and Ug. 

Correction of the reproduced color boundary luminance distortions 
can be accomplished by introducing a correcting signal into the luminance 
signal. For this purpose we transform the formula for the signal Uy. 
After simple rearrangements it can be represented in the following form: 


eee KU Key 


If we make a condition that the signal Uy correspond to the trans- 
mitted luminance, then the corrected luminance signal Uye will have the 
following form: 

(pee [ U, —(K,03_y + K,UG_y -- K,U3 _y ieee 


In the transmission of color information by means of signals Uj and 
Ug the expression for the correction of the reproduced color boundary 
luminance distortions and miscellaneous bright details is given in [5] and 
is as follows: 
U, = [Uy —0.53 Az]. 


Here A, is the envelope of the specially formed chrominance signal 
obtained at the output of the amplitude detector. This signal correctly 
reproduces the reproduced luminance on the screens of black and white 
television sets, since the term 0. 53 A2, compensates almost completely 
for increase in luminance, caused by the detection of the chrominance 
signal by the nonlinearity of the luminescent characteristic of the receiver 
tube. 

During transmission of the color difference signals UR-y and Up-y 
the following expression for the corrected luminance signal can be obtained 


after a number of rearrangements. 


or 


U, = [( U, jad ( UY hur 1 


Here (Uy) f¢ is the luminance signal of the color television system 
limited in its spectrum by the low-frequency filter, similar to the 
chrominance signals; (UY)j¢ are the low-frequency components of the 
signal UY, (UY)yf are the upper-frequency components of the signal 
We 

x The formation of the signal Uy, in accordance with the latter expres- 
sion is much simpler than by the expression given in work [5]. The block 
diagram for the formation of this signal is given in Figure 6. Three signals 
Uy, Ug and Up are fed to the input of the gamma corrector. They are also 
fed to the matrix in which the signal Uy is formed. The obtained signal, 
which corresponds to the transmitted luminance is limited in its spectrum 
by an upper frequency filter and is then fed into a displacing device. The 
luminance signal of the color television system is also fed here after having 
first been limited in its spectrum by the low-frequency filter and trans- 
mitted through the circuit which performs the squaring operation. The 
signal obtained in the displacing device is then fed into the gamma 
corrector at the output of which the corrected luminance signal Uye 
is obtained. 

The question dealing with the formation of Uye at the present time 
is in the discussion stage. On one hand this signal permits the achieve- 
ment of correct luminance reproduction of small details and color boun- 
daries on the screen of the color television receiver and the luminance of 
large colored details on the screen of the black and white television. On 
the other hand, luminance borders will be observed on the screen of a 
black and white television receiver. To a certain extent the effect of lower- 
ing of luminance is useful since in this case the color-differentiating ability 
of our eyes is diminished. Aside from this, actual objects rarely have 
such a saturation as that which is produced during the transmission of 
the CBG signal [6]. Asa result the effect of blackout of color boundaries 
of live transmitted scenes appears weakly in the visual sense (the trans- 


mission of the signals UR-y and UBp-y) and being hardly noticeable, can be 
neglected. 


circuit 
displacer 


matrix 


Figure 6 
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CHROMATICITY DISTORTIONS CAUSED BY NONSTATIONARY 
OSCILLATING PROCESSES IN CHROMINANCE CHANNELS 


The overshoots. in the transient characteristics of the chrominance 
channels appear in the form of a colored border or colored repeated con- 
tours during the reproduction of color boundaries. The character of the 
distortions which appear in connection with this will be discussed by taking 
the example of two color changes: black-red and black-green. 

Let us assume that transmitted red and green colors are shown as 
points AR and Aq on the base color triangle of the receiver. The coor- 
dinates of these points are as follows: Ag (xk = 0.59; y = 0. 33); Ap (x = 0. 25; 
y = 0.58). We shall investigate the chromaticity distortions for the case 
where the color information is transmitted by means of the signals Up_y 
and Up_y as well as the signals Uj and Ug, limited in their spectrum by 
the magnitudes stated above. For purposes of clarity of the appearance 
of chromaticity distortions we shall assume that the first positive (6;) and 
the first negative (6,) overshoots in the transient characteristics of the 
chrominance channels equal 20% of the established value. 
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Figure 7 


The computed chrominance signals, corresponding to the discussed 
color change are shown in Figure 7. The chromaticity distortions which 
occur in connection with this are shown in Figure 8. The solid line ABRA 
shows the distortions which appear during the transmission of color infor- 
mation by means of the signals UR-y and Up-y, the dotted line AMEA by 
means of signals Uj and Ug. It can be seen from the diagram that the 
overshoots in the transient characteristics of channels I and Q@ manifest 
themselves in the image as changes in the saturation of the transmitted 
color as well as the color tone. In the transmission of color difference 
signals UR-y and Up_y the overshoots manifest themselves in the image 
as distortions in the saturation of the transmitted colors. However the 
latter is true for only the given particular case where the magnitudes of 
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the overshoots in the transient characteristics 
of both chrominance channels are equal. 

In order to evaluate the magnitude of 
chromaticity distortions in both methods of 
transmission of color information let us look at 
Figures 9 and 10, which show on the MKO graph 
the coordinate nets of the ratio of the magnitudes 
of the chrominance signals to the luminance sig- 
nal. Comparing these diagrams we see that the 
straight lines e, and ey in Figure 9 are more 
densely located in certain areas of the KZS 
receiver primary color triangle than the straight 
lines ej and e, for the corresponding areas of the KZS triangle in Figure 
10. This means that the same color changes in these areas of the KZS 
triangle allow greater changes in the sweeps of the color difference signals 
UR-y and Up-y than the changes in the signals Uj and Ug. For other 
areas of the KZS triangle the opposite holds true. From this we can consider 
that both versions of transmission of color information, in a Sense, are 
practically equal. And this would have actually been so if the transmission 
bandwidths of the chrominance channels R-Y, B-Y and I, Q were equal. 
But since we assumed that the transmission bandwidth of the Q channel is 
three times as small as in the channels R-Y and B-Y, then during the 
transmission of the signals Uj and Ug the color borders in the image will 
be larger and more noticeable, all other conditions being the same. 

From the permissible values of the chromaticity distortions, one 
can determine the permissible values of the overshoots in the transient 
characteristics of the chrominance channels. For these purposes we 
can not use the experimental data dealing with the color differentiating 
properties of the eye as obtained by physiologists (7, 8], since these facts 
were obtained under conditions significantly different from those occurring 
in television. Therefore a series of experiments, dealing with the 
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determination of the permissible value of the overshoots in the transient 
characteristics of the chrominance channels, was conducted in the LEIS 
television laboratory [9]. These experiments were conducted for the case 
where the color information was transmitted by means of the signals Uj 
and Ug. But as was stated previously these results will also apply to the 
case where the information is transmitted by signals UR-y and Up-y if, 
of course, the principle of maintaining a constant luminance is adhered to 
{10]. In accordance with this principle the overshoots in the chrominance 
signals are distributed in the KZS channels after the decoding matrices 

in such a manner that the increase in luminance, brought about by the 
increase in one of the signals, for example the signal UG, would be com- 
pensated by its corresponding decrease in the other channels, R and B. 
During transmission of color boundaries between saturated colors may 
not take place due to the nonreproducibility of negative signals. Oscillat- 
ing processes in this case appear in the image in the form of changes in 
chrominance as well as luminance. However for most transmitted scenes 
the principle of the constancy of luminance remains correct; thus we can 
use the results of work [9]. The conducted experiments have shown that 
the permissible magnitude «= 6, + 6, for various transmitted scenes varies 
between the limits of 5 to 20%. Since the lower limit refers to the trans- 
mission of color boundaries between saturated colors we can assume that 
the permissible value of © is greater than 5%. For the value of &permis 
it becomes practical to take the arithmetic mean from the obtained experi- 
mental data which, on the basis of 650 experimental indications turns 

out to be approximately equal to 10%. As actual practice has shown, such 
a value of the overshoots in the transient characteristics of the chrominance 
channels has almost no effect on the transmitted image of real objects. 
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CONCLUSION 


The analysis of the reproduced color boundaries shows that the 


39 


reproduction takes place with a certain washout zone, colored borders and 
a reduced luminance. The maximum value of the washout zone is deter- 
mined by the smallest transmission bandwidth of one of the chrominance 
channels. Of the two considered versions of a color television system the 
distortions in the reproduced color boundaries will be smaller if the color 
information is transmitted by means of the signals UR-y and Up-y. There- 
fore for the standard OIR it should be recommended that the transmission 
of the color information be conducted by means of the signals UR-y and 
UB-y with both side frequency bandwidths (1.5 Mc each) on a subcarrier 
frequency equal to 4.43 Mc. 
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WIDEBAND TRANSISTOR AMPLIFIER 


Yu. V. Zavrazhnov and Yu. G. Kryukov 


A transistor amplifier is described which is based on the use of a 
cascode circuit and the utilization of parallel — series feed. It possesses 
high amplification over a wide frequency range (from zero cps). Also given 
is an analysis of the circuit and an experimental check of derived theoret- 
ical conclusions, 


INTRODUCTION 


At the present time wideband transistor (T) amplifiers are constructed 
in accordance with schemes using capacitive or direct coupling. 

However, in order to obtain a sufficiently high amplification at very 
low frequencies, amplifiers with capacitive coupling require the applica- 
tion of large coupling capacitors due to the low input resistance of T. This 
is inconvenient; amplifiers with direct coupling are constructed on the 
basis of either a series or a parallel feed scheme, utilizing transistors 
with opposite types of conductance [1]. 

In order to achieve the optimum amplification, schemes with series 
feed require the application of a source with a relatively high supply volt- 
age, which is not always economically feasible. 

Amplifier circuits, using T’s of opposite types of conductance, re- 
quire the application of two sources of feed; in many practical cases this 
becomes difficult. 

The properties of the circuit described below consist of the following: 

1. The circuit permits various quiescent levels for T, necessary 
for the realization of the maximum amplification, which is impossible in 
amplifier circuits with direct coupling between stages and with series feed. 

2. In comparison with circuits which use direct coupling between 
stages and T’s of opposite types of conductance, the feed in this circuit 
takes place from one source. 

3. Unlike the previously described T wideband amplifier circuits 

1, 2 the subject circuit permits one to obtain a greater amplification over 
a wide frequency band without the use of compensating elements. 


DESCRIPTION OF AMPLIFIER CIRCUIT 


The circuit of the wideband amplifier (Figure 1) consists of two stages; 
the first stage uses T; which is connected with common emitter, the second 
for T), is connected with common base. 

A peculiarity of sorts in the second stage is the introduction of a re- 
sistance r into the base circuit. The magnitude of this resistor is deter- 
mined by the parallel-connected resistors R; and Ry; the resistance of the 
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feed source is small in comparison with R3 and 
will be neglected from here on. 

It has been found experimentally that the 
most profitable value of the resistance r is the 
range of 1 to 2 kilohms, since for a lower value 
of r the amplifier current is increased and for 
a higher value there is a decrease in amplifica- 
tion. 

The feed of the amplifier is a parallel — 
series type; the direct current regime of T,; is 
determined by the resistances R; and R, and the 

Figure 1 current T,, and is selected in a manner So as to 

achieve the highest coefficient of current ampli- 
fication. T, operates in a regime of low currents, which permits the use 
of larger resistances Ry, without an increase in the voltage of the feeding 
source, and still attains considerable voltage amplification. 

It shouldbe pointed out that the use of a cascode type connection for 
the stages permits one to significantly decrease the internal feedback in 
the amplifier and thereby to widen the band of amplified frequencies [3, 4]. 


DERIVATION OF THE BASIC COMPUTATIONAL RATIOS 


For the purposes of analysis it is convenient to represent the ampli- 
fier circuit in the form of two-terminal-pair networks (Figure 2) and to 
conduct further investigations using the system of hybrid transistor param- 
eters: 


Figure 2 


For convenience of analysis we introduce the following designations: 
hy, yg, hgy, by — hybrid parameters of Ty; Hy, Hy, Hoy, Ho. — hybrid 
parameters of T,; Zp, = —L"L total impedance of the load, where R 
Ri ae2e L 
is the resistance in the collector network of T,, Zy, is the impedance of 


the external load, Kyo is the coefficient of voltage amplification for the 
circuit at 1000 cps. 


os Ri + Ro ; 
RiR> 


In order to determine the basic parameters of the amplifier it is 
necessary to know the [A*] matrix of the amplifier [7], which can be easily 
obtained if the [A] matrices of the first and second stages are known, 

According to Figure 2 the second stage (without RL) can be repre- 
sented by a cascode connection of two-terminal-pair networks 4 and 5 and 
a series connection of the obtained two-terminal-pair network with two- 
terminal-pair network 6. In this case the [A] matrix of the stage (without 
RL) can be written in the form {6, 7] 
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Ay+r Hy (R; oh) rR, (1-— A,) 
1 Rye 


Alte Cele 
[4] RsHo-+r 


F (1) 


In obtaining this matrix certain simplifications were introduced which 
are based on the following inequalities: 


Ay, A, — Ay2H, = |H| K Ao, (2) 
Ay. < An, (3) 
R32 <1. (4) 


The first two of the inequalities hold for any transistors; the last 
inequality limits the upper limit of the value of resistance Rs; since the 
value of Hj), is very small, values of Rs used in practice always correspond 
to the inequality (4). 

The first stage (Figure 2) consists of two two-terminal-pair networks 
1 and 2 connected in parallel which is followed by a series connection of 
two-terminal-pair network 3. 

With this in mind, using the basic fundamentals of matrix computa- 
tions [6], the [a] matrix of the first stage can be obtained in the form 


[ es I) hAyY Ay | 
a| = — A Au ||- (5) 

Mga eae 1 | 

al en ees = R, || 


Such a form of the [a] matrix was obtained as a result of the simpli- 
fication, based on 


Ay < Rohe. (6) 


Expression (6) limits the minimum value of resistance R»; it should 
be pointed out, however, if we consider that (6) is satisfied for R» = hy, 
then for Ry > hy, (which as a rule takes place in all practical cases) the 
inequality (6) will be so much more true. Multiplying (5) by (1) we obtain 
the elements of the resulting matrix of the amplifier in the form 


* hy 


ne ee ea +9 + Uh (7) 

ADE TORE RTT [YH ++ 1 — A) | (3) 

ed (eee oe 
sf paar (rhe Be Bs 

+ rR, (1 — Ap)| ai! p Ta) Rs +}. (10) 


Using these elements, the resistance of the load Zj, and the output 
resistance of the signal source Zg, it becomes possible to determine the 
basic parameters of the amplifier [7]: 


ae : (11) 
* Ajo 
AY to 
11 ZL 
eras lear (12) 
An Z, + Ago 


Zino (13) 
K,=K,K: (14) 
Z, ( ApZ-+ Ais) 


(ees 7” (15) 
out , * e . * 
i Z (Au +AnZe ) + ( 499224 Ajo) 


Expressions (11)-(15) can be used during the design of a wideband 
amplifier; however the computations using these expressions turn out to be 
rather bulky. Therefore, below we present simpler expressions for the 
basic parameters of an amplifier for cases most frequently encountered in 
actual practice: 


I. Ro > hy (Figure 3a) 
hoy (R3H +r) Zy, 


— (11’) 
hi {(Z, + Rs) FY (An +l +r (L+¥ (da —RH)\} 


Ke aay 


ho (RsH + 1) 


Kp eee st es Ln 


h ho . 
(V+ hee Sie +p Hu (2 + Rs +7) + 


RiR> Ro 


= ; (12’) 
+r (Z, + Rs— RsHo)] + 2, + R54 r 


Il. Ry > hy R; > CO (Figure 3b) 


Z i, 
Ky=— Ze Kyat, (12) K, = aya)? (13) 
il 11 
Zin=hy (14”); Zout= Ri (15”). 


It should be pointed out that formulas (11”)-(15”) can not be obtained 
directly from (11)-(15), since the latter are derived with the admission of 
Rs Hy<1. Therefore the expressions (11”)-(15”) are obtained by the same 
method as (11)-(15) and are simplified on the basis of known inequalities 


Ay<Hy, Ay K1/Ho, hy2<hy, rH < Ay. (16) 


EXPERIMENTAL CHECK OF OBTAINED RESULTS 


Figurus 3a and b show the circuits for wideband amplifiers on which 
the experimental check of expressions (11)-(15) and (11”)-(15”) were con- 
ducted. The circuit shown in Figure 3b does not contain the feedback 


Figure 3 
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resistance Rs and therefore possesses larger amplification than the circuit 
in Figure 3a; its drawback is the rather strong dependence of the amplifier 
parameters on temperature. The amplifier assembled in accordance with 
the circuit shown in Figure 3a will, for Rj, = 1.2 kohms, result in the 
obtaining of Kyo = 140 over a band of amplified frequencies of 0 cps to 6 

Mc (within 0.5 Kyo level); with this the changes in temperature of the sur- 
rounding medium from -50 to +70°C bring about changes in the basic param- 
eters of the amplifier of not larger than +10% from their original values 
(ats=120 °Cy, 

Checking of the expressions (11”)-(15”) was conducted on a tran- 
sistor of the type P403 A. The changes in the parameters of T and the 
determination of their dependence on frequency (Figure 4) have shown 
that the amplification in the frequency range of from 0 cps tof <0.2 fq is 
basically determined by parameters hy; and hy. 

Comparison of computed and experimental values (Table 1) shows 
that the maximum discrepancy does not exceed 5 to 7%. Approximately the 
same error also occurs from Kj, Kp, Zin and Zout. 


Table 1 
f Mc 5 4 
2-10 4-10 3 6 
Ku confected 900 194 159 a 
Ku experiment 190 180 150 90 


Figure 5 shows the relation between Ky and frequency for various Ry, 
for the scheme of Figure 3b. 

It should be pointed out that the upper limit of the amplifier frequency 
band is entirely determined by the type of the applied devices (see Table 2). 


Ru 

1 
a8 — R-12n; Kis 200 
Q6 R= ; Kus 2000 
04 R=Zan; Kis 4000 


Figure 4 Figure 5 


Table 2 


|PLaga | P401 | P402 | P5038 [paosa | P410 


8 Mc 


_— 


12 Mc 


2.8 Mc | 2.9Mc | 3Mc 


f 07 | 10 ke 2.3 Me 


6 Mc 


| 
5 Mc ee Mc 


f 05 | 250 ke | 4 Me 


Note: The results for all T’s were obtained at Kyo=140 
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Conducted investigations and experimental check of the circuit of the 
wideband amplifier have shown the following: 

1. The use of a cascode scheme and direct coupling between stages 
in parallel — series feed permits the obtaining of a considerably higher 
amplification over a wide band of frequencies. 

2. Asa result of the analysis, formulas derived for the basic param- 
eters of a wideband amplifier can be used in engineering computations. 

The described circuit for a wideband amplifier can be used in high 
quality low frequency amplifiers (preliminary stages), in video amplifiers, 
in amplifiers for special radio apparatus and also in amplifiers designed 
for observation of biological currents of the brain, heart, etc. 
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PHASING THE RECEIVING SECTION 
OF A TELEGRAPH SYSTEM 


A. P. Chepikov 


The article examines a circuit for the proportional alignment of the 
phase of telegraph devices which operates on the counting principle. The 
basic relations characterizing the operation of the circuit are derived. 


; During synchronized reception of telegraph pulses, one has to provide 
oscillations at the output of the channel which are coherent with the Signal. 
Such oscillations are generated by a local pulse generator, the phase of 
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which is automatically aligned with respect to the phase of the received 
messages. The phase aligning device should provide high phasing accuracy 
and a short period to lock-into phase or an ability of the circuit to respond 
rapidly to phase changes of the signal. 

This requirements are best met and satisfied by circuits which pro- 
duce an alignment which is proportional to the phase difference. In order 
to decrease the parasitic effect of noise on the phasing process, the cir- 
cuits of the mentioned type usually include an integrating circuit. The 
presence of an inertial element in the feedback control system may lead 
to the appearance of delay and, consequently, to the possibility of appear- 
ance of unstable or oscillating states, which may be eliminated; however, 
this may cause one of the basic parameters of the circuit to worsen. This 
important deficiency is eliminated in circuits in which the averaging func- 
tion is performed by noninert pulse frequency dividers. The present arti- 
cle will examine such circuits. 


FUNCTIONAL CIRCUIT OF PHASING DEVICE 


The circuit includes (Figure 1) a pulse generator Go, a main devider 
Dp having an OR circuit at its input, an adding divider Dg, the switch of 
the adding circuit Sg, a lockout divider D,, a switch for the lockout circuit 
S,, the control circuit with the lock-out switch CS;, and an input trans- 
former T. 


1 to the receiv- 
: : 
5 fy lates Cuirbiey e 


iar’ 


Figure 1 


The pulses from the generator Go are fed through switch Sy and the 
OR circuit to the input of the main divider Do, the dividing coefficient of 
which is equal to 


Wy owe — S (1) 


where T is the nominal duration of the telegraph message, Mp is the 
dividing coefficient of the main divider, fo and tg are the frequency and 


period of the pulses supplied by generator Go. ee 
As a result of the division of fo, at the output of the main divider we 
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obtain pulses having a period T, which correspond to the center of the 
received pulses. With the help of switch Sg, the measuring of the phase 
difference between the leading edge of the received signal and the pulses 
at the output of the main divider (gate pulses) is accomplished. This 
operation is performed in the following way. A signal of rectangular 
shape is fed into the transformer T, in which it undergoes differentiation 
then it is rectified by diodes. The leading edges of the signal which are 
separated by the method described above will be used for the locking of 
switch S,, which at the same time leads to the appearance of pulses having 
a frequency fy at the input of the Dg. A reversing of switch Sg is accom- 
plished by the gating pulses from the output of Do. Switch S, is open for 
frequencies fy for a time period falling between the leading edge of the 
signal and the corresponding gate signal. 

In the presence of the right phase, the adding time is equal to a2 
which corresponds to the number of adding pulses as expressed by 


2 mines 


During the operation of the adding circuit, the lock-out circuit is 
also in operation. The object of the lock-out circuit is to create conditions 
for a bilateral operation of the circuit. During the reception of the leading 
edge of the signal in the primary loop of the circuit CS; whose core is 
manufactured from a material having a rectangular hysteresis loop, alis 
registered, which after a certain time will be read by the pulse coming 
from the output of the lock-out divider by way of the push-pull circuit. At 
this instant the output pulse of the first ring opens up switch S; and at the 
same time a 1 will be registered through the delay element in the secondary 
of the CS, circuit. A further supply of pulses from the output of generator 
Go to divider Do will be stopped. The reversing of switch S; will take 
place only if the push-pull circuit CS; receives the next pulse from the 
output of divider D;. Accordingly, for each leading edge of a signal the 
input of the main divider is disconnected from the generator for a time 
which is expressed by 


ly mM), 
where m, is the dividing coefficient of the lock-out divider. This means 
that a number of pulses are locked out from the general train of pulses 
which is being fed to the input of the main divider. 


It is obvious, that in the case of the right phase, the number of add- 
ing pulses must be equal to the number of lock-out pulses 
1 


1 
9 fo Aa my), 


From the above condition and considering Equation (1) we find a 
relation between the dividing coefficient of the dividers: 


m, = 2m,m,, (2) 


Under the above conditions the circuit operates according to the principle 
of proportional regulation, as will be shown below. 


THE OPERATION OF THE CIRCUIT IN THE CASE 
OF PHASE ERRORS HAVING DIFFERENT SIGNS 


Figure 2 shows two cases for the phase difference between the local 
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generator! and the signal. 

Let us discuss the first case when the leading edge of the signal is 
lagging. Let us assume that the phase difference between the ture position 
of the leading edge and the fictitious position is equal to Ar. The adding 
circuit will be in operation for a time which is equal to a value as expressed 
by the following relation: 


1 
haq= oy SS he se Aitag 
where Atjag is the aligning of the local gen- Ta 
. : . ea eras 
erator which is caused by the mentioned lead- ee + l 
ing edge of the signal. The lock-out circuit signal [<4 
will at the same time lock-out m, pulses. gating ») pe) 
As a result of the operation of the two cir- pulses cass! ; 
cuits, a pulse train, defined by the following ST ee 
difference, will be locked-out: 2) ie Rie 
' ! a} is 
! ih o 
(> t-4t oP Mtiag) 2 — my ‘ade: 
Ma ‘ Ia 
b Set fig 
which corresponds to a phase shift of the da | i 
local generator of magnitude Tladd™ taaa 
= ae s| @ ron. I 
Atjag== ae laa os Atiag aap ze m, |. Figure 2 


Solving this equation for Atlag and considering Equations (1) and (2) 
we find 


1 


Abiag= Az aE Tie 
Designating 
1 
Beat eae as (3) 
we obtain 
Abas Kiaghs. 


Accordingly, in the case when the phase of the signal is shifted in 
the direction of lag by a magnitude AT, then as a result of the circuit 
effect, the phase of the local generator will be shifted by a magnitude 
which is proportional to the phase difference. 

The second case is when the leading edge of the signal is leading. 
In this case the adding circuit (Figure 2b) will be in operation for a time 


1 
lad oe ay Ag Ohad 


where Atjeaq is the unity phase shift of the gating signals in the leading 


direction. 
Considering the operation of the lock-out circuit, it is easy to write 
an equation which describes the operation of the circuit in this case; 


1“Phase” of the local generator means the phase at the output of the 
main divider. 
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z ji fo 
—i — Az —At. ) —— —— It |. 
AM oad a [( ee lead) 7 5 1 


Solving the above equation for Atjead and considering Equations (1) 
and (2) we obtain 


Designating 
Te Rie Kead (4) 


we obtain 
= Az 
aia Kaa 
For practical applications usually such circuits are recommended 
for which 


mz > 10. 
In this case 
ay ee 
m3 —1 mat+1 Ma : 
1 Oeay 
Kye Ke 
Lae Satie adie nS 
Accordingly, 
At = Kas, (5) 


where At is the phase shift of the local generator caused by one leading 
edge of the signal, K is the coefficient of phase alignment or the correction 
effect of the ciruit. 


DETERMINATION OF THE PROBABILITY OF PHASE DEVIATION 
IN THE LOCAL GENERATOR UNDER THE EFFECT OF RANDOM 
DISTORTION OF THE LEADING EDGES OF THE SIGNAL 


Let us analyze the effect of random distortions of the leading edge 
of the received pulses in regards the accuracy of the phase alignment for 
different K. Let us begin with the instant when the undistorted leading 
edge of the signal coincides with the pulse of the local generator?, i.e. , 
when there is no phase difference (Figure 3a). 

Let us assume that the next following leading edge has a distortion 
which is described by a time period t; (Figure 3b). Under the effect of 
the circuit in accordance with Equation (5) the phase of the local generator 
will be shifted by a magnitude 


At, soeee t,K — tor 


The pulse of the local generator here is shifted with respect to the 
gating pulse by 0.57. 
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and will have a new value equal to tpi. : 

The second leading edge of the signal a) signal [oO 
which was shifted by a magnitude t, (Figure gating pulse g fro 
3b) will result in an additional shift in the 1 


output of the local generator as described : 


by the following relations: cee 
fal reanK 


At, = (t, — tpi) = (t. — 41K) K. b) + 7 ort 


i | 
The new phase of the generator will 


be 
too = tp: + At, = K(1—K)t + Kes. Pate 
Applying similar reasoning, it is easy c) A 
to find that after the n-th leading edge of the aT 
signal the phase of the local generator will et=(tety HX) K 
take the form ci ae 
fe teas 


f= Kil = Kyo feel Ky tere / ; 
Figure 3 


. + K(L—K)t,_, + Kty (6) 


where tp is the resultant phase difference under the effect of n distorted 
edges. 

Let us assume that the distortion of the leading edges has normal 
distribution. Then for any arbitrary t in the sum (6) the probability density 
may be described by the following expression: 


n—l 


r 


p(ii)= 7 as e ’ 
ogV 2c 


where oy is the parameter of the normal distribution which we call the 
dispersion of distortions. If each of the members in the series (6) follows 
the normal law, then tp also follows a normal distribution. The parameter 
of this new total diet hibuticn: which we may call the dispersion of differ- 
ences is determined by the following expression [1] 


o? = [K (1 — K)""" a]’+ [K (1 —K)" al + « «+ [K(l —K) og]? +K709. 
It will be more convenient for calculation if we rearrange the order 
of the terms in the series above as follows: 


id hice hat (emote rll Ld SrA US (7) 


Now, the first term of the sum in the parentheses will describe the 
effect of the last signal edge. It follows from Equation (7) that this last 
edge has the greatest effect on the value of op; all the preceding edges have 
lesser effect on this value, the farther they are from the instant of time 
from which the phase difference is determined. Since we are analyzing a 
steady state, it is therefore necessary to consider a large number of the 
leading edges. 

The series in the brackets is a convergent geometrical progression, 
whose sum at infinity is 


; tint 1 
Na Giga igt Cher rable Vadieins eae = 5y 


Consequently, expression (8) may be put in a very convenient 
form: 
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Kaee (8) 
2K 4 


9 
(2 ea ——— 
p 


Having determined op, it is easy to find the probability that the phase 


difference will exceed the limits of the given boundaries +b: 
fr 


ye ees 

2 Pp 

PebeL >=) [e dt. 
( : opV 2x ‘ 


Example. Let us show that the probability that the phase deviation of 
the local generator will exceed the limits b = +0. 1 for the phasing circuit 
shown in Figure 1 at K= 0.1, assuming that the distortion of the received 


signals follows the normal law and has a parameter 
cq => 0.1 ap 


Solution. Using Equation (8), we find that 


0,1 =) 
= a AE 3 10 
g, 0.13 Sane 2 


The probability that tp will not exceed the limits of b may be deter- 
mined with the help of [1], in which we find a table of solutions to integrals 


of the form 


For our case we find 


P(=)=P (5 gaag) *P.8:35)~0.9992. 


The desired probability will be 
P(— 0.1 > #, > 0.1)=1 — 0.9992 = 0,0008. 


DETERMINATION OF BEAT PROBABILITY 
OF THE RECEIVED TELEGRAPH PULSES 


The correcting property during the operation of a receiving telegraph 
device having pulse registration by signal segments is interpreted as the 
largest relative magnitude of the distortions for which it is possible still 
to obtain an intelligible reception. It is equal to 

iit laa to» 
where Mp is the operating correction property, Hy is the nominal correction 
property which is independent of the channel parameters. 

Since the value of tp having a defined probability may take different 
magnitudes, the operating correction property may have a probable char- 
acter and may not be given a numerical value, The operating correction 
property may be determined only for a fixed beat probability and a defined 


distortion parameter. 
The pulses may be received intelligibly if the distortion of the leading 


52 


edge does not exceed the correcting P heat 


property of the receiving equipment. 610° 

Consequently, the beat condition may 610° yf 

be described by the following i a Vata bee tare nek 
y ollowing inequality beat 1 aA e dt 
ly ale, > lal 210° 


6 - p26 


where tg is the distortion of the lead- 


ing edge of the signal. is 

The two random magnitudes in z 
the left member of this inequality may aD 
be considered as being independent, ae 
since the phase difference is the ef- a 
fective result of a great number of 4 
pulses, and the distortion on the other 210 
hand, is a result of the parameter of 340° 
one pulse. If both of these magnitudes +10 6 
are distributed normally, then the sum 50 ar 08 an 015 Qt a 
distribution will be also normal having 
a dispersion: Figure 4 

ae + oo = apcry 


In order to determine the probability of an intelligible reception one 
must evaluate the following integral: 


Peta be << py) = 
a, V 2x 
where 
Cater hee 
The beat probability is determined by the following expression: 
i De P(t 1a): 


; Modern equipment for the reception of telegraph signals usually is 
electronic in nature and employs highly stable pedestal generators. 
The nominal correction property of such equipment is close to the 
maximum value: 
py = 0.0. 


Figure 4 gives an example of the relation between the number of beats 
and the intensity of distortions for different correction effects of the circuit. 


SPEED OF LOCKING INTO PHASE 


At the instant of the first phase alignment, the phases of the signal 
and the local generator may be different. Let us assume that the phase 
difference was found to be Amy. Under the effect of the leading edge of the 
signal, the phase of the generator will be shifted by a magnitude 

At K. 

The new phase will equal 


At, = At = Ax, = Aty (1 — K). 
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1 After the second edge, the phase 
difference will have a value expressed 
by the relation 


Ax, = Aty (1 — K)?. 
After the n-th leading edge the 
difference will be 
Ax, = At) (1 — K)’. 
Solving this equation for n, we fi 


find an expression for the number of 
the signal edges (n), the effect of 


”” Oy (t-k) 
at oT) -Q5T 


pes pee i n which will give a decrease in the phase 
346 19 0050 gy’ MO 400 9° difference from the initial AT» to the 
Figure 5 given ATy: 
pe 
_ : Ato 
Ig(l1—K) © 
It is obvious, that the longest aligning time is required at 
At, = 0,5t. 


Figure 5 presents curves by which one may determine the necessary 
number of edges for different values of K and ATy for the case of a maxi- 
mum initial phase difference in the presence of an undistorted signal. 


THE PROPERTIES OF A CIRCUIT FOR FOLLOWING THE 
REGULAR PHASE CHANGES OF A SIGNAL 


The relative mean phase of a signal and the local generator may under- 
go changes because of the frequency differences of the driving generators 
and changes in the conditions during the propagation of the signal through the 
channel 

The aligning system should be able to follow these changes. 

Let us designate by Tg the period of the local generator without con- 
sidering the effect of the aligning circuit. 

For a general case we have 


toF or 


As a result of the effect of the phasing circuit, the following balance 
condition will be established: 


bli At, 


where At is the differential increase of the period due to the frequency dif- 
ferences of the generators, which may be compensated by the effect of the 
aligning circuit. 

In order that the circuit might ensure a phase shift of At, it is neces- 
sary that there be a certain residual difference Atyes. The presence of 
this steady-state phase shift error is equivalent to the additional loss in 


the phasing accuracy which may be expressed in the following form using 
relative units: 


__ Ares 
P= 
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where &f is the coefficient of the loss of the 
phasing accuracy due to the difference in 
the frequency of the generators. 

In accordance with Equations (5) 


At = KAtres = = Ky. (9) 


Here the relation At/t = Af/f de- 
scribes the relative instability of the fre- 
quency of the generators. 

Assuming a certain tolerable loss 
in phasing accuracy, it is easy to deter- 
mine the necessary stability of the gen- 
erators for different K with the aid of 
Equation (9). Figure 6 presents such a 
curve, plotted for the case of “dot re- 
ception”. For the reception of coded 
combinations in which the pulses of 


Figure 6 


similar polarity may have durations of m7, the stability of the generators 


must be increased by m times. 


Using Equation (9) one may select the required circuit parameters, 
if the relative changes of the phase velocity of the signal are given which 


are due to other effects. 
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DESIGN METHOD FOR 
A BRIDGED T-EQUALIZER 
USED TO CONTROL AMPLIFIER GAIN 


O.F, Kosminskiy 


The article presents a method for the design of a equalizer based 
on representation of the equalizer impedances as periodic functions and 
corresponding circuits. This method permits control to any given degree 
of accuracy. The article further presents a uniform method for the design 
of L or T bridged equalizer circuits. Examples are given for circuit cal- 


culations of an equalizer for linear amplifiers in multiplexing equipment 
for coaxial cables. 


The analysis will cover the circuit of an equalizer as shown in Fig- 
ure 1. This bridged-T equalizer circuit of a variable type has constant 
characteristic impedances. 


The open circuit impedance of this circuit across terminals 2-2 will 
be 


R 2RZ + 2R2 +4 Z2 (1) 
Z 2R+Z ; 


Zoc2 _ 


The short-circuited input impedance from the same terminals will 
have the following form: 
ZR(Z + 2R) 


Z. Y foam 3) 
ee SOR Zone @) 


therefore we obtain for this circuit: 


(a 
Zoc2 Z? + 2RZ + 2R? 
cthge= 1/ —°c2 — 
e V Zsco Z(2R+ Z) -(3) 


Rearranging Equation (3) we have 


Z3bti 9 PZ ate Oe gee 
+2R pee) 


The roots of this equation will be 


a= =) 5 
1a R| £Y = ft7 1.6) 


In contrast to known cases, the branch 
Figure 1 impedances of the equalizer will be 
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expressed not inrational but in irrational functions. As far as the physical 
realization is concerned, such functions cannot be represented as an input 
impedance function with a finite number of lumped elements. This is why 
it is necessary to look for methods by which it would be possible to solve 
Equation (5) and represent it by a rational function to any desired degree 
of accuracy. In addition to this, the latter type functions must belong to 
the class of positive real functions. 

D, F. Selivanov provided [1] that the roots of a quadratic equation 
may be represented in the form of periodic continued fraction. This proof 
was given for real numbers. The method given below is a generalization 
of Selivanov’s proof for complex numbers. 

Selivanov analyzed equations of the type 


ax? + 6x +c=0, (6) 
which has roots 


WepEom 7) 


xX, =F 


= Vbd—> a4 Xo 
2a 


which are real and D=b? -4 ac which is an imperfect square. Both roots 
will have the form 


VDyret i (8) 
N 
where M and N are completely defined numbers. 
If we assume that 


D— M?= NN’, (9) 
where N” is any integer, then 
Vou ae Naam (10) 
af V D—M 
Therefore, the roots of the given equation may be represented in the 
form 
~~, (11) 
V D—M 
Assuming that 
petty a (12) 
A =9 + eres 
we find that 
_—Vd+m_ (13) 
| eee ae — eee ’ 
M 
where 
M,=Nq—™M (14) 
and 
NN, = D— M?. (15) 


The number N, is an integer; therefore D-Mj differs from D-M? by 
an integer N, and thus, D-M? is also divisible by N. 
Using Equations (14) and (15) we determine the numbers 
X1, X2, Beery 


Yi» 721 J3a+++ 5 
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which permits expansion of the positive root of the given equation into a 


continuous fraction. 
In our case, we begin with 


* 
cas Aree cthg+ 1 ae tl 
cth g—1 


Consequently, M=-1andN=1. In order to determine the first 
term of the expansion we must find the magnitudes of M, and Nj. 


Assuming that 


M, = / he —NN,=1], 


cth g —1 
we obtain 
Pee ae 
cthe—1 
Then 
A iclee Ue 
che+ 
J) | cth g— 1 ag 
q, = —— =OandZ, =f ; 
1 2 
cthg—1 
for which 
= 2 
M= landN = pias 
cthg—1 
Assuming again that 
Ped OT 2 cey 
V cth g—1 cthg—1 a Pie 


we find that Ny = 1, which results in 


1+1 
qo= 


/ cthg +1 
cthe—1 


(cth g — 1)=cthq — landZ, = ; 


for which M= 1 and N= 1, 
If, again, 


th 1 
M, =\/ : _ NN, =1, 


cth g 
then 


9 


I 


eth — 1 


Therefore, 


/ eee lee 
pao oth a1 AA 


2 
cthg—1 


*cth = coth (Transl. ). 
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(16) 


(17) 


(18) 


(19) 


(20) 


(21) 


(23) 


Comparing Equations (19) and (23) we find that if the process is con- 
tinued, it will repeat itself. 
Therefore the expansion just obtained will take the form 
Zep Bod A (24) 


ctheg—1l + — 


cth g —1 
g& + 9 


_Let us define the conditions which are required in order to satisfy 
the difference cth g-1 in the expansion (24). This can be done if we equate 
the expansion (24) with the fraction of G.I. Stieltjes 2: 


= (29) 


ay wy + = — ——— 


werillog pan = 
mE Gon 4 1 Wong) 

where aj are real and positive numbers, and W is a variable which may 
take on any arbitrary complex value. Designating the n-th convergent, 


a function of the first n coefficients of aj, as Q, (W)’ G.I. Stieltjes found 
n 

conditions for which the convergent will approach a limit as n— oo, and 

investigated the nature of this limit as a function of W. 


Investigations of this fraction lead to a consideration of two cases. 

In the first case, the case of convergent series ))a,, the convergents 
of even or odd order approach different limits. In the second case, that of 
a divergent series of > a,, the convergents approach a single finite limit 


for all complex values of W, except in real negative values. This limit is 
an analytic function of W. Comparing expansion (24) with the infinite Stiel- 
tjes fraction (25) we find that they coincide in form if we correspondingly 


identify cthg-1 and W. Since the fraction (24) is periodic the series » ae 


is divergent. Consequently, the obtained expansion (24) will be equivalent 
to a Stieltjes fraction of the second kind, if the difference cthg-1 during the 
changes of the variable along the imaginary axis, i.e. , for A-iw do not 
take on positive, real values. This is possible only when the difference 
cthg-1 is a positive real function. 

The discussion above may be considered as proof of the following 
theorem. 

The impedance Z of a bridged T ues which can be represented 


by an periodic continuous fraction will always be 


(cthg—1,2 cthg—1, 2... 
physically realizable when the difference cthg-1 is a real positive function. 
It is easy to prove that the requirements for function Fl regarding 
its physical realizability are the same as those for L sections. 


1F is a function whose modulus represents the desired frequency de- 
pendence of the changes of the input impedance modulus for a regulator im- 
pedance Rp, where kis the limits within which the regulating impedance changes. 


59 


A circuit representing impedance Z of a bridged T equalizer may be 
represented as in Figure 2. 

Let us call the icrcuit for impedance Z when it has only impedance 
W,, a first-approximation circuit; then the circuit which contains Wi and 
2R, also will be the circuit of second approximation; further, the circuit 
Z containing W;, 2R;, and W, will be a circuit 
of third approximation. By adding an imped- 
2 ance 2R, to the preceding circuit we obtain a 
fourth-approximation circuit etc. 

The calculation of the circuit for Z 


~.WeW results in the determination of the impedance 
2 W R 
Te iy ee (26) 


Figure 2 


at a given F and k of the above impedance 
function, 

It is important to note here, that impedance Z of the equalizer of 
A. F. Beletsko is twice the value of W. Therefore, after performing one 
calculation of cthg-1, one may construct two equalizer circuits. 

In practical applications, the bridged T equalizers usually do not 
incorporate more than the terms of a fourth degree approximation. The 
error which is made by the chosen approximation in realizing the control 
characteristics may be determined by 


1 
4=— In| ; (27) 


F 
Fr 
where F is the given control characteristic and Fy is the control character- 
istic resulting by using the circuit of the chosen approximation. 


The expression for the calculation of the control characteristics of 
circuits incorporating the first two approximations, takes the form 


2 me cth? g—2cthg +- 1 
Foy ie Sewn (28) 

2 2 2cthg — 

=F cth?g + 2cthg —1 
oe 4x cth?g +4cthgt« 29 
2 4cth2g+4xcthg+1' fon? 

8x ctht g — 8cth3 g (x —1)— 8cth2g 4+ (xk +1 

ye g &( ) R +(x +1) (30) 


8 ctht g + 8 cth3 g(« —1)— 8x cth?g +(« +1) ’ 
16 « cth4 g + 16 cth3 g—4« cth?g—4cthe +x 31 
16 ctht g+ 16 « cth’ g—4cth?g—4x«cthg+1 ay 


An improvement in the desired control characteristic by the circuit 
using a certain chosen approximation may be accomplished by the method 
of successive approximations. 

As an example, let us discuss the results obtained for the design of 
a circuit for an automatically controlled linear amplifier for a coaxial 
system which operates in a frequency band of 0.3-8.6 Mc and its frequency 
characteristics correspond to those of a KMB-4 cable taken for each kilo- 
meter. The function describing the frequency control characteristics 
(having an accuracy of 0.003 nep) takes the form 


= 


joe MA +110,611 25 23 + 1117.425 X2 + 2479.1122 + 1066 . 839 
M + 42,109 047 43.+.610.923 34 42+ 18116165 A x 959.252 13° 7) 


For k= 3 we find 
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___137,.004 405 43 + 1013.003 3 A2 + 1325 .894 2 4. 215.173 75 


cthg — 1 


IA + 7,857 945 5 13 + 357,672 22 + 1484.691 5 A + 905.458 65 (ee) 
Consequently, 
W =R, | 0.007 299 + 0.003 338 6 + 
ot : i 
0.397 6 .+-0.237 8+ i 
0,004 18+ 
0.398 A + : j (s) 


1 


3,394. —————— 
a 0.2809 


A practically useful equalizer circuit representing impedance Z in- 
corporating a fourth-degree approximation is shown in Figure 3. The 
measured deviation from the given characteristics did not exceed 0.01 nep. 
A more accurate distribution of the deviations over the frequency range 
could not be obtained because of the limited accuracy of the instruments 
at our disposal. 


Figure 3 


If we use a second-degree approximation in the equalizer circuit for 
Z then we obtained the deviations given in Table 1. 


Table 1 
pptecucuey | Too oe ; 2 3 | 8 8.5 
Mc | | | 
Deviation | 40,049| 40,033 +0.017/ —0.00¢| —0.013| —0.014] —0,014! —0.014| —0,013| —0,011| —0.013 
Berea ee | 


After two additional recalculations in order to improve the approxi- 
mation, the deviations with respect to the given characteristics were found 


to be considerably lowered (see Table 2). 
A corresponding equalizer circuit of the improved type using the 
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Table 2 


] | | 
| Frequency paige 1 | 2 | 3 | 4 | 5 | 6 | 7 8 8.5 
| Mec | | | { : 
| Deviation 0 —o,0024! 40,0012 +0,0006]—0.0009] 0.0034} —0.004/—0.0042/—0.0024) —0.003 ae 
nep 


Figure 4 


given elements is shown in Figure 4. 


In this paper, the examples were worked out by Student Engineer 


A.S, Zamyatina. 


H 
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TELEGRAPH DISTORTION ANALYZER 


V.M. Amarantov, K. A. Brusilovskiy 
G.A. Yemel’yanov and S. Yu. El’kind 


The article describes an instrument which is designed to analyze and 
statistically investigate telegraph message distortions under conditions of 
start-stop and isochronous transmissions. The article also presents the 
results which were obtained by the use of the analyzer on an existing tele- 
graph communication system. 


INTRODUCTION 


The development of telegraph systems and the increasing demands 
placed on their technical and operating characteristics urgently calls for 
improved methods for analyzing the quality of transmission. Our under- 
standing of telegraph distortion, which is one of the basic quality factors, 
has deepened and broadened in recent years. The most distinguishing 
feature of this evolution is the new approach to telegraph distortion as a 
random process which can be studied by statistical means [1]. In many 
cases, this approach is the only means capable of giving a correct analysis 
of the quality of telegraph communication and of creating sound technical 
norms. As an example, we might consider a telegraph transmission system 
using a trunk network [2], where the transmission conditions in each sec- 
tion are different, and the component sections change in random fashion 
from trunk to trunk. An optimum design of such a network may be per- 
formed only on the basis of laws obtained statistically. 

Most of the instruments presently employed for the measurement of 
telegraph distortion are designed to register only instantaneous operating 
characteristics and permit only an estimate of the magnitude of the dis- 
tortion at the instant of observation. These instruments cannot reveal the 
detailed structure of a distortion. Therefore, the need has arisen for 
instruments, called “telegraph distortion analyzers” which can observe 
and quantitatively analyze the structure of distortions. 

Such instruments find application in laboratory studies of terminal 
and channel-forming telegraph equipment, as well as for measurements 
in the field, made to obtain detail analysis of existing networks and 
accumulate data for the design of future networks. Soon these instruments 
will be used in regular operational measurements as well. 

Telegraph distortion analyzers may be divided into four groups: 

1) Devices which register the distortion of each message, utilizing 
start-stop instruments with electric spark recording on regular paper and 
those which record the message on a circular chart made of electrothermal 


paper. 
2) Isochronous and start-stop devices of electromechanical and 
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electronic type, employing counters which record the quantity of the dis- 
torted messages by registering the magnitude of the distortion occurring 
in a given interval. The most interesting analyzers of this type are de- 
scribed in [3] and [4]. 

3) Compound instruments including registering as well as counting 
devices. To this group belongs the isochronous, electromechanical re- 
cording device developed in 1953 under the direction of Professor P. A. 
Kotov, which was the first prototype of Russian-made analyzers. 

4) Distortion registers capable of registering distortions exceeding 
a given magnitude. 

Among the mentioned instrument types the most promising analyzer 
is the one which is equipped with a counting device, since it is easy to con- 
struct distribution curves of the distortion from the counter readings. 
Comparing the experimental curves with the prototype curves which corre- 
spond to distortions of a known type or to distortions of a certain combina- 
tion, one may determine the cause of this or the other type of distortion. 

A discussion is given below of the technical possibilities and the 
operational principle of the counting type analyzer which employs semicon- 
ductor devices and ferrite parts, and some results are given which were 
obtained during testing on the Leningrad-Moscow main telegraph line. 


OPERATIONAL PRINCIPLE, BASIC TECHNICAL CHARACTERISTICS 
AND THE FIELDS OF POSSIBLE APPLICATION OF THE ANALYZER 


The start-stop isochronous analyzer of telegraph distortions, a com- 
mercial type of which is shown in Figure 1, is a discrete operational device 
which performs automatic measuring and counting of the quantity of the 
distorted messages within 20 gradations. 

The distortion or shift of the characteristic instant of “mark” (CIM) 
or “space” (CIS) is determined with respect to the divisions of a discrete 
time scale, which is repeated for each message under investigation and 
whose duration is equal to the undistorted message. The precision of the 
measurements is determined by the number of divisions on the time scale. 
The number of divisions principally may be taken as large as the given 
conditions required. The illustrated instrument has scale divisions each 
of which corresponds to 1% of the duration of the undistorted message. 

The scale is made with the help of an arcless distributor which is 
controlled by a stable (tuning fork) oscillator which permits operations of 
the instrument at telegraph speeds of 40; 44.7; 47; 50 and 75 bauds. 

The counting of the number of the distorted messages is performed 
with the help of 20 electromechanical counters which correspond to 20 
gradings of the magnitude of the registered distortion. The capacity of 
each counter is equal to 104 messages. 

The counters may be connected in five variations, so that the person 
performing the analysis may obtain the best possible analysis of the dis- 
tribution of distortions, The first variation is used for the analysis of the 
general character of distributions within limits of +50% in steps of 5%. 
The second variation is used for the analysis of small distortions (+9%) 
having an interval in 1% steps, which is used for analysis of transmitter 
operation. The rest of the gradations or their combinations are used for 
the analysis of the distribution of large distortions as for instance during 
the testing of channels having interference, or during the analysis of the 
correction properties of an equipment etc. 

During the analysis of a start-stop cycle the first division of the 
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Figure 1 


time scale will coincide with the moment of the starting transition. This 
is accomplished by turning on the distributor at this instant. During the 
analysis of an isochronous sematain, the start-stop device is disconnected 
and the distributor represents a constant time scale. 

The instrument permits analysis when measurements are performed 
on a one-terminal or a two-terminal network. It is possible to analyze 
distortions of all sorts of transitions, for example, at the instant when the 
apparatus is turned off after operation or vice versa, which is necessary 
for the separation of the preponderant and the characteristic distortions, 
as well as for the analysis of the start-stop distortion of each transition in 
a code combination. In order to be able to determine the distortions in a 
stop-message, the instrument is provided with a starting feature in its 
- circuit responding to the beginning of this message. 

The analyzer has great versatility and with its help one may for 
instance solve the following problems: 

a) To investigate the distribution of start-stop distortion which is 
generated by a transmitter, for a particular code combination as well as 
during transmission of a standard or any arbitrary text, under conditions 
of one-terminal or two-terminal operation, automatic or hand operation, 
at different speeds of telegraphy etc. 

b) To study the distribution of start-stop distortions in the channels 
- of an existing communication line and at points where the channel is joined 
with other stations. 

c) To study the distribution of isochronous distortion at the point 
where the channel is joined with the stub. 

During testing with the help of a stub, one feeds into the tested chan- 
nel the test combinations (for example, 1:1, 2:2, 1:6, 6:1 and the test 
Q9S) from a transmitter which is synchronized with the oscillator of the 
analyzer. The phase of the synchronizing pulses is set manually; the 
transmitter is a semiconductor device or an instrument employing ferrites 
and corresponds to the type which is described in the cited article fous 

The measurements described above may be performed also on the 
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component channels, which enables us to perform an experimental investi- 
gation not only of the distribution but, also, of the combinational character - 
istics of distortions in this channels, It is worth noting that the analyzer 
also permits the investigation of remote distortions and correction prop- 
erties of the equipment, 

A block diagram of the analyzer is shown in Figure 2. The telegraph 
messages under investigation are fed from the semiconductor oscillator 
and the transistorized trigger into the ferrite input device. The contactless 
input device permits the connection of the instrument to an operating com- 
munication line either parallel or in series without interfering with its 
operation. 

During operation of the circuit shown in Figure 2 on a start-stop 
mode of operation, the starting transition will set not only the input but 
also the start-stop device, which will turn on three parallel-connected 
shift registers employing ferrite cores with a semiconductor oscillator. 

Two registers in combination with the coincidence circuit comprise 
a distributor which provides a time scale having 1% divisions. 

In order to be able to register a 50% distortion of the stop Signal, 
the cycle of the operation of the distributor, which corresponds to each 
bit of the coded combination, will repeat itself 6.5 times for the duration 
of the analysis of the total combination. In order to perform a stepping of 
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the distributor for a period starting from the instant corresponding to the 
center value of the stop signal to the beginning of the start Signal, a start 
stop device and a third register is used, the latter comprising seven ele- 
ments, 

The recording of “1” is performed simultaneously in the first ele- 
ment of the registers; the cadence pulses which are fed into the cores of the 
preregister I are formed by the retarding blocking-oscillator, which is 
triggered by a tuning fork generator through an emitter follower. 

The start-stop device comprises a trigger and amplifier employing 
a switching transistor. With the help of the coincidence circuit into which 
the pulses from the corresponding elements of the three registers are fed, 
a control pulse is generated which sets the start-stop device to its initial 
condition in each 6.5 cycles of the distributor. The comparison of the 
transitions which correspond to the CIS “spaces” of the sematain under 
investigation with the divisions of the time scale is accomplished with the 
help of the memory device which comprises a trigger and an amplifier. 
During the memory operation the CIS trigger supplies a negative potential 
to all coincidence circuits of the distributor, which are connected with the 
counting circuits. The analyzer is provided with 20 counting circuits, half 
of which perform the recording of a lag and the other half records the lead 
of the CIS with respect to the starting transition. 

By connecting the output of the different elements of the first and the 
second registers of the distributor to each of the coincidence circuits, one 
may obtain different gradations of the distortions, i.e. , the counters may 
be inserted into any interval within the limits of an integral number of the 
divisions on the time scale. Each of the counting circuits comprises a 
single-shot MV, an amplifier, and a register, and is connected with the 
memory device in such a way that after a distortion has been recorded 
by the register, the device is reset. Due to this property, one eliminates 
the possibility of omissions in the counting operation or the multiple re- 
cording of the distortions of the same message. 

In order to avoid registration of the starting transition, the memory 
device is connected to the input trigger through a switching circuit which 
is controlled by the start-stop trigger. 

During isochronous operation the start-stop device is disconnected 
and the distributor forms a time scale not in a start-stop fashion but in a 
constant manner. 

For the counting of the total number of messages which arrive at the 
input of the analyzer, register No. 21 is used which records the counts 
performed by the memory device, i.e., the total number of the measured 
transitions. The register No. 22 gives the number of the counts performed 
by the start-stop trigger, i.e., the number of the analyzed code combina- 
tions. During the operation it is easy to control the performance of the 
analyser since the sum of the readings of registers 1-20 should be checked 
against the reading of register No, 21. 

The analyzer is operated and supplied from a 127/220 volt AC line 
employing semiconductor voltage regulators. Due to the fact that semicon- 
ductors and contactless elements are used, the power which is required 
by the analyzer does not exceed 30 va. 


THE RESULTS OF MEASUREMENTS 


Figures 3 and 4 show examples which were obtained during measure- 
ments with the analyzer described above under regular operating conditions. 
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Figure 3 
716) % Figure 3a shows the distribution of start- 
, ; : we F 
al stop distortion during the transmission o 
) Hoh an “H” combination by an apparatus ST-35; 


the measurements were performed on 103 
CIM after SORS with automatic operation 


iiniianeniusaii at a speed of 44.7 bauds. 
W's per pe LED Figures 3b and c present the dis- 
Fa) tribution of the start-stop distortion dur- 


ing the transmission of a test signal; as 
measurements were performed on 104 
transitions. Figure 3b corresponds to 
measurements performed under the above 
conditions; Figure 3c, however, repre- 
sents the transmission of the same text 
through the AM channel which includes 4 
sections joined by stubs. 

Figures 4a and b show examples of 
the differential and integral curves for the 
probability distribution of the start-stop 
distortions, respectively. These curves 
are plotted as the result of measurements 
on an existing communication line. 

A series of measurements were per- 
formed with the analyzer on an operating 
frequency telegraph system type VT-34 
and TT-ChM-12/16. The measurements 
served to establish the distribution law of 
the CIS shifts during a transmission of a 
standard CCITT (Q9S) test through the channel operating under start-stop 
conditions, as well as the determination of the distribution parameters 
which characterize the reliability of operation through the TT channels, 
and a check of certain norms in connection with the start-stop distortions 
in the TT channels as they were suggested in 1959 by the CCITT. Accord- 
ing to the norms suggested above, the limits of the start-stop distortions as 
measured by a start-stop measuring instrument during a transmission of 
a standard text through the TT channels should not exceed the magnitudes 
given in Table 1. 

The character and text transmitter was connected to the input of the 
TT channel and the input device of the analyzer connected to the armature 
of the receiving relay of the channel. The measurements which were 
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performed by the Laboratory of the Table 1 
Main Telegraph Office of the City of 


Moscow were executed on TT systems Number of series-| q distor- 
consisting from one, two, three, four Conte cted pe tion 
and five series connected sections. 1 8 

By “one section” a closed TT channel 2 13 

is understood and by “two sections” , a 
the authors mean a stub-connected TT 5 25 


channel, Before the measurements 
were started it was necessary to eli- 
minate the preponderance in each of the series connected sections during 
a transmission of a 1:1 combination through the channel. The observations 
were performed on 103 CIS without subdividing the transitions between the 
rest and operation messages and vice versa. 

The data obtained through the measurements was processed by the 
well-known medhods of mathematical statistics. After the data had been 
analyzed, it was found that the distribution of the CIS shifts in most of the 
channels obeys the normal law 95% i.e. , to a good degree of reliability. _ 

It is known, that the probability density for the random magnitude 6 
which follows the normal distribution law, depends on two parameters: 
the arithmetic mean 6 and the standard (rms) deviation o, and it is deter- 
mined by the following equation: 


= JOB 
a) = nT 
a V Qn 
In order to find the values for the parameters 6 and o it was neces- 
sary to record the counter readings Nj of the analyzer on each stage of the 
measurements and to determine the centers of the intervals which corre- 
spond to the distortion zone covered by the respective counter (xj). 
It is known that 


In order to obtain an estimate of the values of the distribution param- 
_ eters which characterize a TT system with a given number of series con- 
nected sections, it was necessary to find the mean value of these distribu- 
tion parameters: a mean value on the basis of the arithmetic means (the 
average of the means) 6 and a mean value on the basis of the standard 
deviation o. The averaged values are given in Table 2. 


Table 2 
System VT-34 System TT-12/16 

Number of = “= Number of = | =p 4 
sections | i sections | 
l 

0.5 24 1 2.42 113 
) Ne} 2.61 2 3.91 1.44 | 

3 1.6 3.53 3 3.69 1.98 
4 1.8 4,93 4 2.65 S26 yea 

5 2.03 5.68 5 2.95 4.07 


The data obtained permit evaluation of the maximum distortion which 
may be expected in a frequency telegraph channel having a given error 
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probability Weyror, the latter being a result of the limited time for the 


measurement, 
In a normal distribution, the probability that the random value of 0) 
will differ from its mean value 6 by more than a factor K times the given 


rms (standard) deviation o, is 


r = —- 
if » 


- \ e dv is the normalized function of the nor- 


The expression 


f 


mal probability distribution. 

The integral on the right side of the above equation may be evaluated 
with the help of a table of integrals. Table 3 presents a few values for K 
for different values of the probability of Werror. 


Table 3 


10-3 | 10-4 | 10-5 


= 

°o 

| 
ro) 


: 7 | 
iy 3.29 3.89 | 4.41 4.89 


Accordingly, the expected average maximum distortion measured 
by the start-stop meter may be determined by the following relation: 
8 max as | + Ka, 


The calculated values of 6m 4x for a TT system of the type VT-34 
and TT-12/16 for different numbers of series connected sections and dif- 
ferent probabilities of werror are presented in Table 4, 


Table 4 
is. System VT-34 System TT-12/16 
PS 16 
Num 2! ® error | 
ber of 10-3 19-4 10-3 10-4 | 19-5 
[sections ns | 
1 7.88 9,22 6.14 6.82 7.42 
2 9.55 ilies 8.64 9.51 10.26 
3 13,2 15.3 10.21 10.39 12.41 
4 18.0 21.0 13.65 15.35 W7ig15 
i 5 20.7 24.2 16.35 18.75 20.95 


It can be seen from Table 4 that system VT-34 satisfies the suggested 
temporary norms of the CCITT under conditions of preponderance elimina- 
tion in the component sections. The qualitative features of TT-12/16 are 
better than these norms at a probability of werror = 1074. 

This error probability corresponds to a measuring time higher than 
40 seconds and below 6.5 minutes, Actually, at a 40 seconds measuring 
time on a text Q9S there are 103 CIS analyzed, which corresponds to 
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Werror = 10-3. For an observation lasting 6.5 minutes there are 104 CIS 
analyzed. Accordingly, for an observation time which is greater than 40 

seconds and less than 6.5 minutes, the observed maximum distortion will 
lie within the limits which are characterized by a probability of Werror = 

= 10-3 on the low side and by werror = 10-4 on the high side. 
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BRIEF COMMUNICATIONS 


CERTAIN POSSIBILITIES FOR IMPROVING THE FREQUENCY 
STABILITY OF FREQUENCY SHIFT KEYING RADIO TRANSMITTERS 


V.E. Nakhmanovich 


Technological progress achieved in the quartz crystal stabilized fre- 
quency oscillator permits the production of oscillators having a sufficiently 
dense frequency spectrum and a frequency stability which is determined at 
any arbitrary point of the spectrum by only one pedestal quartz crystal. 
Such oscillators in telephone-type operations being at hand, it was possible 
to improve the frequency stability of pedestal oscillators. 

In frequency telegraphy (FT) the frequency stability depends on the 
method by which the frequency keyed signal (FK) is produced. In most 
cases, as an FK source an oscillator is employed which includes an in- 
sertable reactance in its circuit [1]. In these cases the instability of the 
oscillator becomes additive to the total instability of the carrier channel 
oscillator and, increases it. In FT having small frequency shifts, the 
instability introduced by the FK signal source will appear in the frequency 
band which is required for the transmission. This circumstance offsets 
any intention of narrowing the passband of the receivers and as a result of 
this prevents improvement of the noise immunity of the communication system, 
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It seems advisable to investigate the possibility of obtaining FK 
signals without loss in frequency stability, i.e., the use of stable fre- 
quencies which are produced by pedestal generator by way of an oscillator 
for purposes of the frequency keying. In connection with this two methods 
may be mentioned. In the first case the keying frequencies are produced 
by the same source which for instance may be an oscillator which can be 
synchronized at the different harmonics or subharmonics of the standard 
frequency. For these purposes one may use also multipliers or dividers 
which multiply or divide the standard frequency and which may provide a 
varying division or multiplication coefficient during the keying operation. 
In all the above-mentioned circuits transient processes take place at the 
switching instants which affect the frequency and amplitude values and 
result in a distorted keyed signal. The transient processes and the corre- 
sponding distortions must be analyzed for each case individually and they 
are not the subject matter of the present article. 

The other method is based on the simultaneous existence of two 
stable frequencies in the oscillator. The frequency keying is performed by 
the successive insertion of one of the frequencies at the output terminal. 
At the instant of commutation in this case arbitrary phase jumps will 
take place (upto180°) which will lead to a wide spectrum of the radiated 
frequencies. If the interval between the frequencies is selected such that 
it is an integral factor (n) times the required separation, then the fre- 
quency shifts at the output of the divider will also be divisible by n. Ifa 
sufficiently large division coefficient is selected one may obtain a con- 
siderably narrower band in the radiated frequencies bringing it close to the 
spectrum of the FK oscillations without introducing phase shifts. 


THE SPECTRUM OF FK OSCILLATIONS IN THE PRESENCE 
OF PHASE SHIFTS 


Let us analyze an FK oscillation having an arbitrary phase shift A@. 

Let us assume that the phase shift which takes place during a tran- 
sition from one to the other keying frequency is equal to +A@, and during 
a transition in the opposite sense it is -A®. Such an assumption will con- 
siderably simplify the analysis, since it reduces the whole discussion to 
the analysis of the spectrum of a periodic process without diminishing the 
general value of the possible conclusions despite the fact that the case to be 
considered is extremely unfavorable. Figure 1 shows curves representing 
the changes in frequency and phase with respect to time in case when the 
keying represents a sequence of points. The analytical representation of 
these relations can be best presented by the following equations: 


@ (t) = Apsin[wot+6 ()]= Ap [sin wot cos 0 (f)+ 
ts + COS wot sin 6 (f)], (1) 


te t TAY 
XPS) 6(f) = ot —— — 
me (t) m( t <4) or 0 <t< 5 
3 FE (2) 
n( =m (> 28) + al or o< 


itceT, 
where Q= 27/Tis the keying frequeney 
andm= Aw is the keying index. 

In order to determine the spect- 
rum components of FK oscillations 
one has to expand cos @(t) and sin @(t) 
Figure 1 into Fourier series. 
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The expansion of sin Q(t) will be 
1 mr 
in 6 (t) = — sin — 
sin 6 (¢) pia 2 sin 46 + 
+ & Aycos (xQt— g,), 


K=1 


where for even values of k we have 


ge aCe Way ett gts 
«VW (m sin Ab)? +( (2xsin2 =o) 
and for odd values of k, 
mr 
3 7% (x2 — m2) o3 2 as 


Ke 
x V (2m cos? 53) + (x sin A)2 , 


(2 A6 
Ge = arc tg etree 
m 2 


The expansion of cos Q(t) will give 


2 mr A6 
cos 6 (f) = rr 75 cos? ot + 


+ 2 By cos (Kket—y,), 


K=1 
where for even values of k, 


By, = ——————_ — 
4 T (Kk? — m2) on 2 s 


A6 \2 
x V ( 2m cos: Sy + (« sin A6)?; 


maz 
Bese cose 
(2 md) cos runes 


Vo sin A6)? + (2 sin2 Sy 


K A6 
Ve = Px = arc tg (= tg a 


for odd values of k, and 


Substituting the obtained expressions intoEquation (1) it is easy to obtain 


a(t) = Ao{ SP 608 (vgl — 2) + 


+ YD Cy cos [(o —«Q)t + e& — oe] + 


Kn 
+ LY Cg cos [(m + 82) t — oy — nll, (3) 
K=1 
where for even ce OE i Mere nt 
=e. a In x 
© ee?) ee Pe? 


c \2 A8 
x Vy cos2 et + tae Sihne = & (4) 
2 m 2 
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and for odd values of k 


46 KN 2 AO 
" VF Dae Ares “ 
Be 
ge hae PE 


A relative increase in the amplitude of the spectrum components 
caused by the phase shifts will be 


2 Ao 
q= V/ cost J; la) sin? >: (5) 


Equations (4) and (5) are helpful in the determination of the relation 
between the spectrum components and their numbers and the magnitude of 
the phase shift. Using the above equations the change in amplitude of the 
spectrum components is plotted in Figure 2. Curve 1 corresponds to an 
FK spectrum without phase shifts. Curves 2, 3, 4 and 5 correspond to a 
phase shift A@ which may take up values of 9°, 18°, 30° and 180°, respec- 
tively. Analyzing the equations and the corresponding curves proves that 
for small values of phase shift and low k numbers the bandwidth (BW) of 
an oscillation having a phase shift is close to the BW of an FK oscillation 
having no phase shift. At a sufficiently large number of components the 
frequency spectrum having phase shifts will be attenuated according to 
1/k, similarly to the amplitude keyed oscillations. 

The magnitude of the permissible phase shift must be selected with 
the consideration of the BW requirements at a given attenuation of the 
spectrum components. One may see from Figure 2 that the BW at a given 
level of attenuation will be the less, the smaller the phase shift. For in- 
stance, at m = 2.5 and at an attenuation of the spectrum components by 
60 db, the BW of the spectrum at A@ = 30° will increase by 186 Fm, at 
A@ = 18° by 87 Fy and at A@ = 9° by 32 Fy with respect to the spectrum of 
Fk oscillations which has no phase shifts. The change in the spectrum 
caused by the rounding off of the signal by the transmitter circuit was not 
taken into consideration in the above calculations. 

In the case of FK having phase shifts, the BW required to transmit 
the signal will increase. In order to obtain a passband for the receivers 
in a keying operation having phase shifts narrower than the BW required for 
the reception of an unstable FK signal without phase shifts, it is necessary 
that the following condition be satisfied: 


Afi < Af + Afs, (6) 


where Af; is the BW required for the transmission of an FK signal having 
phase shifts; Af, is the BW required for the transmission of an FK signal 
without phase shifts; Af, is the instability of the FK signal generator. 

The BW which is necessary to transmit an FK signal having no phase 
shift, [2] also considering the natural rounding off of the signal in the trans- 
mitter circuits, is determined by the following equations 


4 
Af = 3 (l+msB or 2.5<m<8 


3 5 (7) 
y=(>+1im)B or 8<m«<20 


where B= 2Fy is the keying speed in bauds. 
It can be seen from these equations that the smallest components of 
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Figure 2 


the frequency spectrum which should be taken into consideration in the 
determination of the BW, will have a number N, where 


4 
= 3 (+m) or 2.5<m< 8 | 
(8) 


3 L 
Ne “> 1.1m or 8<m< 20 | 

The number of the smallest spectrum components of an FK oscilla- 
tion accompanied with phase shifts (M) will be determined by considering 
that their amplitude should not exceed the amplitude of the components of 
an FK signal having no phase shifts and being equivalent to N. This con- 
dition may be put into into the form of an expression if one considers also 
Equations (4) and (5): 

ipa © ee SY 


Let us rewrite Equation (6) in a new form 
2F 4; M < 2Fy,N + Afs, 
whence 


Afs 
< ——_ 10 
M< N+ Fm (10) 


From Equations (9) and (10) it is easy to show that 


Af. 2 
(N+ 5p) a8 


2F vj 
a S N:2— m? 
- or in a final form 
N2 2 A6 
1+ ds sin2 Rar 
A 3 
(w cy a —m? 
2F vy (11) 
< : 
NZ ne 


Equation (11) represents a relation between the two methods of pro- 
ducing FK signals. If an equality sign is substituted then for a known in- 
stability of the FK signal source one may determine that particular phase 
shift for which the BW in the case of an FK operation accompanied by a 
phase shift will be equal to the instability of the FK signal source during a 
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keying operation not resulting in phase shifts. 

Let us discuss an example in which Af; = 2Fy and let us determine 
the phase shift at which condition (6) is satisfied. The calculations per- 
formed according to Equation (11) prove that for an m which varies within 
the limits 2.5 < m< 8, the phase shift A@ will not exceed the magnitudes 
of the order 100°-115°, and in the case of an m varying between the limits 
of 8< m <20, the phase shift may be assumed to be in the neighborhood of 
180°. 


CONCLUSION 


The above-described method of producing FK signals without loss in 
frequency stability permits improvement of the noise immunity of the com- 
munication despite the fact that it is accompanied by a number of defects 
which however, decrease along with an increase of the division coefficient. 
However, an increase in the division coefficient requires more complex 
transmitting equipment. It is obvious that the maximum permissible phase 
shift should be selected in each case by considering the above-mentioned 
conditions. 
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TEMPERATURE STABILITY OF TRANSISTORS 
IN CIRCUIT APPLICATIONS 


Ya. M. Levin 


The temperature stability of transistors is related to the reverse 
biased collector-base current I, according in the opinion of many authors. 
In order to analyze the stability of a multistage arrangement one can make 
Be of the approach suggested by Shi, which is the so called “stability 

actor”. 

The author will show below that current Ig9 in a number of practical 
applications is by no means uniquely responsible for stability. Further- 
more, insome circuits the effect of Ico on stability is negligible and the - 
concept of “stability factor” loses its meaning. The present article seeks 
a more general approach to the question of temperature stability of tran- 
sistors in circuit applications. 

The emitter and collector currents of transistors are determined 
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by the following expressions: 


Ie = Jey (ee — 1) + tre vIeo- (1) 
é a 
Ie =A oleae S—1) + Joo. (2) 
(Here Jey = £o Sie ee a ees ee 
= fortevales | 1 7fortrey | cl) i 


In Equations (1) and (2) 9, is the current gain of the transistor, 
Orey is the reverse biased current gain of the transistor, T is the absolute 
temperature, q is the electronic charge, k is the Boltzmann constant, Ue 
is the emitter-base voltage. 

The first term of expression (2) is proportional to the forward biased 
emitter — base current which is produced by the minority carriers. The 
temperature dependence of this current can be explained by the fact, that 
a change in temperature causes a corresponding change in the energy of 
the minority carriers, as well as in the number of carriers which are able 
to overcome the existing potential barrier. 

The second term of expression (2) is proportional to the reverse 
biased base-collector current Igo9, which is produced by the majority 
carriers. The number of majority 
carriers in a semiconductor increases 
with increasing temperature approxi- 
mately according to the following 
exponential relation: 

8350 


ke= DI" e we (3) 


The question is to find which of 
the two discussed factors has a greater 
influence on the change of the collector > 
current and to what extent this change Figure 1 
depends on the supply circuit of the 
transistor. In those circuits where 
the emitter-base voltage does not change following a change in the tempera- 
-ture, the collector current exhibits a strong temperature dependence despite 


if 
the fact that these circuits approach the ideal conditions ane = 2 3) from 
co 


the viewpoint of the stability factor. This proves that the most important 
criterion of stability resides in the relative change of collector current as 
a function of temperature. 

In practical applications the emitter and base circuits of a transistor 
are provided with certain impedances, The temperature dependence of 
currents Igo, Ieo can not vary as a function of the supply circuit. However, 
‘the impedances inserted into the emitter and base circuits of the transistor 
may effect the emitter-base voltage to a more or less extent during the 
changes of temperature, which is reflected on the total temperature de- 
pendence of the collector current. 

Let us discuss temperature stability of the collector current of a 
transistor stage operated from two supply batteries (Figure 1). Here we 
are not going to discuss conditions affecting the temperature stability for 
the case of other type supply circuits for transistors (parallel feedback, 
complex feedback and others), since all of these circuits canbe easily trans- 
formed into the form of circuit as shown in Figure 1. for example, a 
stage with a potentiometer in its input portion (Figure 2) may be 
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Figure 2 ; Figure 3 


transformed by using Thevenin’s theorem (Figure 3). 


In Figure 3: 
E. = 5 REM a 
DiaS@aaas bape wera yoms 
RiRe ; 
= em Res ak 
Ry Ri ra Ro e € 


During the further analysis we have to keep in mind that when we 
mention the impedances in the base and emitter circuits, it should be 
understood that they mean the corresponding equivalent impedances which 
are reflected from the different supply circuits into the circuit form shown 
in Figure 1. From Figure 1 we have 


Rele 4- Rb Ie( _ ror) = Iey| =te= Eee (4) 
Differentiating expressions (2) and (4) with respect to “T” and 


solving the obtained equations simultaneously, we find, using the following 
designations: 


ee or Je = const(C = 2.2 mv/d 
aa e= (C = 2.2 mv/degree 
dJco for 
Oe Ree Ry + 
dig 47 Rat Ro) for tev) + 1e— Jen (1 — tre) iw 
ts 2for 


Ret Rid =a) += 
CALSb for " + Uce—Jeo(l — 2zev)] 


Ce for’ (Ic a Io 0) Ueden 2for*rev 
[le — Jeo (1 — azey)] T [Ig — Jeo(1 — yey] 
(9) 
*for 
Rea Rye . 


4, + = 
for 1Ue—Jeo (1 — trey) 


In practical applications at I, < Jeo, expression (5) may be simplified 
as follows: 


dey 
dle aT (Ret Ry + 
dT Re+R A — ty) 
4. 
Ab for ) fas 

Ss (= 4oArew We a . 
%for (®) 
ye 
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Hence, dle 
dlc aT (Re+Ry+ 


aT © [Ret IoRp(l—a V+ 


efor ) sees 
= a 
(l= a¢y-4rey) Ie for 


for 7) 


7 


Analyzing Equation (7) we find that there is a certain minimum im- 
pedance Re min for which the changes of the base impedances will not 
affect the relative stability of the collector current. 


d dl (1 — ao) C 
From (7) for —— ara =0 i a Clare 
(7) aRy (har we obtain Re min deg 
for —- rey) aT 


the = gop%tev) (8) 
It can be seen from Equation (7) that in those practical circuit appli- 
cations where R and Rp are small, the changes in Igo under the effect of 
temperature will have little effect on the relative change of collector cur- 
rent. Actually, for small Re and Rp we have 


. ako 
Eo .C > ar. (Re + Rp + 


(1 = 46577 for) We 7” 
For such circuits, the relative instability of the collector current 
reaches its maximum value. From Equation (7) for 
Re+ Ry (1 — 4) 0 


See IGT = 0,08: (9) 


In cases when Re and Rp have large values (tens of kilohms), the 
relative change of the collector current is determined mainly by the changes 
of Igo. 

One can arrive at the following conclusions: 

1. As one of the worst unstable supply circuits for a transistor one 
may consider a circuit which does not have an impedance in the emitter 
portion and the base bias source has a small internal impedance. 

2. The larger the emitter impedance the less will be the relative 
change in the collector current under the effect of temperature. 

3. If the impedance of the emitter circuit is less than Re min, then 
an increase of the impedance of the base circuit will increase the relative 
stability of the collector current and vice versa. 
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ON THE TIME MULTIPLEXING OF TELEGRAPH CHANNELS 


B. Yu. Kravchenko. 


Among the known methods of multiplexing (space, frequency and 
time separation of the connecting paths) a special role is assigned to the 
method of time division, or more briefly, the time commutation method. 

This method is characterized by a decrease of the number of con- 
nections from n’ in the space division method to n (n is the number of 
communication channels in the center) as well as by the relative simplicity 
of the cummutating equipment [1]. 

As is known, in using the time division method of commutation of 
telephone channels, the speech envelope is sampled by pulses having a 
frequency of 2F, where F is the highest transmitted audiofrequency. We 
are limited usually to F=4 kc. For this, 2F = 8 ke and the time interval 
between two adjacent pulses will be 

1 1-106 
Lo oa giana 125 psec. 

As a matter of principle one may use a telephone switching center 
having time commutationfor the commutation of telegraph channels. Under 
the above conditions a pulse representing the instantaneous signal ampli- 
tude at the instant of cutoff will be sampled from the telegraph signal each 
125 usec. The maximum distortion which may be observed for a single step 
of commutation (at a duration of the telegraph message ts = 20 ms) will be 


Bmax = ey a 1000/) = 0.6250/ 
20-108 nia it 

Such distortion is negligible. 

However, the number of the time slots under conditions of time com- 
mutation is limited [1]. 

There is however, another possibility. It is based on the discrete 
character of the telegraph binary code and consists in sampling the center 
portion of the telegraph signal and then feeding it into the channel. By 
shortening the message in its period, the latter being equal to the duration 
of the elementary message, one may use the channel in a multiplex man- 
ner. 

In order that the above principle may be applied to the time commuta- 
tion of telegraph channels, each of the channels must be equipped with a 
device adapted to select the theoretical center of the signal. 

The possible quantity of the time slots under these conditions will 
increase by ts/T times; therefore, the period of occurrence of the sampling 
pulses increases from T to tg (20, 000/125 = 160 times in our example), 

The functional circuit of such commutator is given in the Figure 
below. Signal 1 from channel A enters the block which selects the theore- 
tical centers of the messages (CSB). The sampled centers 2 set the trig- 
ger T, of channel A. The information is stored in the trigger until the 
pulses arrive which were stored in channel B. At this instant the master 
station register MSR storing the information on all connections which may 
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exist at that time instant in the switching center, feeds pulse 4 into trigger 
T, and into drop Kp of channel B. The pulses advance the information 5 
from the trigger TA by way of the master station channel MSC into the 
shaping device (SD) of channel B which restores the duration of the pulses 
to their normal value 6. Signal 3 in the Figure represents the output 
potential of trigger Ta. 

For a master station register one may use any cyclic memory device 
(magnetic drum, ferrite matrix etc) adapted for a pairwise parallel selec- 
tion of the channel addresses. It follows from the cyclic feature of the 
memory device that such a system is readily applicable to the synchronous 
transmission of a uniform code. 

In order that the commutation system described above may be used 
with a start-stop code, it is feasible that the telegraph combination first 
is accumulated, then transferred in a parallel manner through the MSC 
which in this case must have five conductors (in accordance with the 
number of bits in the telegraph code). Therefore, the interval between 
the adjacent channels will additionally increase by m times, where m is 
' the number of bits in the code, including service messages. 

The given system incorporates a correcting feature which is deter- 
mined by the accuracy of selection of the theoretical centers of the mes- 
sages. 
The system is compatible with the time separation of telegraph chan- 
nels. This can be seen from the given Figure. Actually, if we drop the 
CSB and SD from the block diagram then the channel timing pulses will be 
pulses 2 in channel A and pulses 5 in channel B, which differ from each 
other in phase. 

The described communication system is unique in that the separation 
of interoffice channels and trunks utilizes an integrated time-separation 


principle [2]. 
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tubes, 
| Class 42m, 14, No. 187311. I.P. Dashchenko. A device for the 
conversion of the static Grey code into a binary code. 
Class 42m, 14, No. 137699. G.G. Stetsyura. A method for the 
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FOREIGN PATENTS 


GERMAN PATENT (FGR), Class 21a? , 39/10, (H 04 j), No. 
1027247, 15.09.60. Jung. Circuit for the automatic switching of gen- 
erators. 

Jung Ernst (Standard Elektrik Lorenz selbsttatigen Generatorum- 
schaltung in Anlagen der Fernmeldetechnik. 

A device is proposed which performs automatic switching of gen- 
erating equipment in HF telephony. 

USA PATENT, Class 179-15, No. 2958733, 01.11.60. 

(Bell Telephone Labs. Inc.) Transmission control in a two way 
communication system. 

A device is proposed for the automatic connection of subscriber 
lines to the communication channels at only the instant when speech is 
transmitted through these lines. 

: HUNGARIAN PATENT, Class 21a*, 36-37, No. 146871, 31.05.60. 
Farkash. Level regulator with automatically varying frequency character- 
istics. 

Farkas. Elektronikus automatikusan valtozo frekvencia karakter- 
isztikdju szintszabalyozo berendezés. 

The regulator circuit employs a pilot-signal frequency and feedback 
circuit. 

USA PATENT, Class 315-20, No, 2943233, 28.06.60. Weinmann. 
Video transducing system employing a flying spot scanner. 

Uanaman (Television Utilities Corp.) Video transducing system 
employing a flying spot scanner. 

A system is proposed for the transmission of diapositives, pictures 
etc. by wire or radio means. A flying spot scanner and photomultiplier 
are employed. 

USA PATENT, Class 178-43.5, No. 2946851, Zon OO meKrelzimecs 
Television system having reduced transmission bandwidth. 

Kretzmer (Bell Telephone Laboratories, Inc.) Television system 
having reduced transmission bandwidth. 

A method is proposed for the narrowing of the BW of TV signals. 
According to the invention, the channel is divided into two parallel narrow 
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band channels. The electron ray performs the switching of the channels 
depending upon image information. 

FRENCH PATENT, Class H 04, No. 1240531, 01.08. 60. Bourdale. 

Bourdaleé. Procédé d’ analyse pour exploration, reproduction ou 
production d’ images ou d’ objects applicable 4 la télévision. 

A method is presented for image scanning employing Lissajous 
figures. Suggested scanning frequencies are 2690 cps and 20,000 cps. 

BRITISH PATENT, Class 40(3), 97(1), 182(1), No. 852815, 02.11.60. 
Oppenheimer. System for transmitting visual information. 

A method is proposed for the presentation of the text to be read by 
an announcer employing a close circuited TV system having a cinescreen 
which is placed above the transmitting tube. 

GERMAN PATENT (FGR), Class 21a!, 34/50, (H 04 n) No. 1077255, 
01.09.60. Michael. Device for the scanning of patterns. 

Michael (Fernseh G.m.b.H.) Anordnung Zum Abtasten einer Bild- 
voriage mit einem Episkop-Lichtpunktabtaster. 

The suggested device permits simultaneous transmission and obser- 
vation of patterns. 

FRENCH PATENT, Class H 04 n, No. 1233068, 12.10.60. Regula- 
tion of contrast in television. 

(N. V. Philips’ Gloeilampenfabrieken) Perfectionnements aux récep- 
teurs de télévision, avec réglage du contraste. 

A connection between the potentials on the electrodes of the AGC tubes 
and the video amplifier is proposed such that during adjustments of the 
contrast the black level will not change. 

FRENCH PATENT, Class H 04n, No. 1239478. Costin. TV screen. 

Costin. Ecran physico-chimique pour tous recepteurs de television. 

The proposed screen converts a (flat) image into three-dimensional 
form. The invention comprises several flat containers which are filled 
with oils of various density, air saturated with ether, and oils containing 
radio active salts. 

US PATENT, Class 178-5.4, No. 2944106, 05.07.60. Schroeder. 
Sound cancellation in television receivers. 

Schroeder (Radio Corp. of America) H, Sound cancellation in televi- 
sion receivers. 

The patent discloses a color TV employing sound cancellation in the 
color channels using compensation methods, 

BRITISH PATENT, Class 40(3), No. 858277, 11.01.61. Billin. 
Improvement in or relating to color television transmitting system. 

Billin (Electric and Musical Industries Ltd.) Improvement in or 
relating to color television transmitting system. 

The patent discloses improvements in color TV systems in that 
the subcarrier changes as the function of the AC line frequency 

BRITISH PATENT, Class 40(3), No. 853961, 16.11.60. Perkins. 
Improvements in or relating to correcting for transmission variations 
in color television. 

Perkins (Electric and Musical Industries Ltd.) Improvements in or 
relating to correcting for transmission variations in color television. 

A correction system is proposed by recording nonuniform targets of 
three transmitting tubes on a magnetic drum. 

BRITISH PATENT, Class 40(3), No. 856002, 14.12.60. Tait. 
Improvements in or relating to color television cameras. 

Tait (Electric and Musical Industries Ltd.), Improvements in or 
relating to color television camera. 

The patent discloses a single tube color TV camera, 
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BRITISH PATENT, Class 40(5), No. 859002, 18.01.61. King. 
Phase modulators. 

King (Standard Telephones and Cables Ltd.) Improvements in or 
relating to phase modulators for carrier communication systems. 

A phase modulation method is proposed which is free from nonlinear 
distortions when phase deviation is increased. 

USA PATENT, Class 179-15, No, 2961492, 22.11.60. Carbrey. 
Elastic system. 

Carbrey (Bell Telephone Labs. Inc.) Elastic multiplex speech inter- 
polation system. 

A method is proposed to improve the transmission efficiency in 
multiplex dial systems. 

USA PATENT, Class 179-18, No. 2957949, 25.10.60. Dennis. 
Telephone switching system. 

Dennis (Bell Telephone Labs. Inc.) A PCM time division telephone 
Switching system. 

An electronic dial exchange is proposed which comprises subscriber 
line concentrators, trunk concentrators for connecting other dial offices 
or operators, and switching circuits performing the switching between the 
concentrators. 

GERMAN PATENT (FGR) Class 21a?, 46/10, (H 04 m), No. 1072657, 
07.07.60. Gosslau. Electronic switching system. 

Gosslau (Siemens and Halske Akt. — Ges.). Elektronisches Vermitt- 
lungssystem. 

An electronic dial office is proposed which operates on the 
principle of pulse time division of communication channels. 

USA PATENT, Class 179-15, No. 2959641, 08.11.60. Hufnagel. 
Compandor device. 

Hufnagel (International Telephone and Telegraph Corp.) Instantaneous 
type time compressors and expanders for pulse time modulation transmis- 
sion systems. 

An instantaneous type compandor device is proposed for use in systems 
of h.f. telephony employing pulse time modulation. 

FRENCH PATENT, Class H 01 n, No. 1241183, 08.08.60. Chassis 
for electronic equipment. 

‘ Précision Mécanique Labinal Chassis d’ appareillage électronique. 

A chassis is proposed for electronic equipment to be used in rockets. 
USA PATENT, Class 317-101, No. 2945162, 12.07.60. Flour. 
Method for assembling and interconnecting electronic apparatus. 

Flour (Stewart — Warner Corp.) Method and apparatus for assembling 
and interconnecting electronic apparatus. 

A novel method for assembling and interconnecting electronic appar- 
atus is proposed according to which the individual parts are joined without 

soldering. 

FRENCH PATENT, Class 101c, No. 1241662, 08.08.60. Ruckelshaus. 
Method of manufacturing laminated resistances. 

Ruchelshaus. Résistances et leur procédé de fabrication. 

FRENCH PATENT, Class H 03k, No. 1237861, 27.06.60. Butin. 
Control of electronic switching. 

Butin (Cie Industrielle des Téléphones) Dispositif de commande de 
point de connexion électronique. 

A device is proposed for the control of the point of electronic switch- 
ing, comprising a transistor placed in the switching matrix. 

USA PATENT, Class 179-84, No. 2949507, 16.08.60. Electrical 


information system. 
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Bell Telephone Laboratories, Inc. Electrical information system. 

A method is proposed to receive a signal representing an answer 
from the called party in a dial system employing voice-frequency ringing. 

USA PATENT, Class 179-18, No, 2951126, 30.08.60. Brightman. 
Electronic switching telephone system channel allotter. 

ATC. Grightman (General Dynamic Corp.) Electronic switching 
telephone system channel allotter. 

A circuit is proposed for the control device of an intercity electronic 
dial office employing pulse time division of the speech channel and trans- 
mission of speech currents through the office by a four cable circuit. 

USA PATENT, Class 179-18, No. 2951124, 30.08.60. Hussey. 
Electronic switching network. 

Hussey (Bell Telephone Labs. , Inc.) Electronic swtiching network. 

The circuit principles of the speech channel for electronic dial offices 
is proposed by the patent. The circuit is constructed by the space principle. 

USA PATENT, Class 179-18, No. 2951125, 30.08.60. Andrews. 
Electronic switching network. 

Andrews (Bell Telephone Labs. , Inc.) Electronic switching network. 

A speech channel circuit is proposed employing semiconductor diodes. 

GERMAN PATENT (FGR), Class 21a’, 66/01, (H 04 m), No. 

1075676, 18.08.60. Lurk. Storage method of telephone informations. 

Lurk (Siemens and Halske Akt. Ges.) Verfahren und Einrichtung zur 
vorlbergehenden Speicherung von Fernsprechnachrichten in einem Fern- 
sprechvermittlungs system. 

A receiving method is proposed for the recording and storage of 
information on a magnetic drum. 
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